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Abstract — Upcoming IEEE 802.11e standard aims to suppert
Quality of Service (QoS) for multi-priority services, which is not
yet available in current Wireless Local Area Network (WLAN)
svstems. In this paper, we propose to combine the Enhanced
Distributed Coordination. Function (EDCF) and Point
Courdination Function (PCF) of IEEE 802.11e protocols. The
scheme dynamically adds and deletes voice station IDs in polling
tist, utilizing the talkspurt-silence alternation characteristic of
speech traffic. Meanwhile, the real-time and non real-time traffic
are also differentiated by means of different EDCF parameters
during contention period. Extensive simulation results
demonstrate that the dynamic polling management in
combination with EDCF is able to achieve satisfying QoS

- differentiation, while at the same time significantly improve the
svstem performance in terms of throughput and data drop rate.

L

The past few vears have seen an explosion in the
deployment of Wireless Local Area Networks (WLANs)
conforming to the TEEE 802.11 standard. Since they dispense
the restriction of wired transmission medium, WLANSs are
more comvenient to be laid out and extended than Ethemet,
and easier to support users with terminal mobility. As a-result,
WL ANs are expected to support the same applications as the
Ethernet that they are replacing. While Quality of Service
{QoS) issues in Ethernet have been considered uninteresting
due to the huge improvements in the physical layer band-
widths, it is difficult for current WLANSs to achieve satisfying
performance when delivering real-time traffic. The reason is
not only the limited bandwidth allocated to WL AN and fading
characteristic of wireless medium, but also the standard itself.

Legacy IEEE 802.11b Medium Access Control (MAC)
protocols defined two nodes of operation characterized by
coordination functions: Distributed Coordination Function
(DCF) and Point Coordination Function (PCF) [12]. PCF is
only optional and still not available in products nowadays.
DCF is contention-based and more suitable for delay
insensitive traffic instead of time-bounded services, epg.,
Voice over IP (VoIP). Since the contention among terminals is
distributed without centrat conirol, packet delays are
unpredictable. which is not acceptable for real-time services.
What is nore, in those standards each user contends for the
shared medium with identical parameters (initial contention
window size, interframe space etc.) during contention period
(CP). No service differentiation is achieved in the case of
muitiple tvpes of traffic with dissimitar QoS requirements.
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IEEE 802.11e draft specification [1] is an  emerging
supplement to original 802.11b standard to support QoS. It
provides differentiated channel access to frames with different
priorities, by setting different contention parameters of
Enbanced Distributed Coordination Function (EDCF) mode
[2, 7-11].

In our opinion, however. contention-free transmission is
an important delay guarantee for delay-sensitive traffic, in
particular under the heavy traffic load conditions. As we know,
PCF is based on centralized polling, where the Access Point
(AP) acts as the coordinator in charge of forwarding packets
and controlling polling process. In an infrastructure WLAN,
all delivered packets must pass through AP. AP is also
responsible for managing polling list, initiating and ending
Contention Free Period (CFP). Neveriheless. original
standards do not specify how to manage polling list, including
polling order by which each terminal is polled, exhaustive or
limited service policy etc. Ziouva ef al. proposed to transmit
voice packets using silence detection for the sake of handling
more transmissions by PCF [3], but the process of detection
are not described. The authors of {4] proposed an activity
detection mechanism called Statistical Activity Detection
(SAD). It makes AP start polling the voice terminal whose
sojourn time of sifence state exceeds parameter Tyes
However. the delay of first voice packel in talkspurt state and
throughput of non-real-time traffic transmitted in CP, become
a tradeoff that greatly relies on Types. The optimal value of
Tonress 1s difficult to find. Activity contention mechanism using
DCF and PCF is proposed in [5], where the first voice packet
contends for transmission in CP. The method may suffer
unacceptable delay if the network load is heavy. Last but not
least, all the above research work does not considerate the
appropriate setting of protocol parameters as well as QoS
differentiation issue.

802.11e is backward compatible, as 802.11¢ tenminals are
still allowed to support PCF [7]..Hence we propose in this
work to combine EDCF with dynamic management of polling
list in PCF, to provide QoS differentiation for real-time VoIP
and non-real-time (FTP, HTTP) services in an 802.1le
infrastructure WLAN. While voice stations are dynamically
served in CFP according.to the talkspurt-silence alternation
charactenistics of speech traffic, FTP and HTTP packets are
delivered in CP with prioritization. Extensive simulations are
also carried out to illustrate the influence of PCF parameters.
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including CFP interval and CFP repetition interval.

The rest of this paper is organized as follows. In section I1.
we bricfly introduce the 802.11c MAC specifications. Our
dynamic polling management method for transnitting voice
traffic is described detailedly in section III, along with the
differentiation scheme for FTP and HTTP traffic. Section I'V
depicts our simulation scenarios and analyzes the simnulation
results. Finally, the conclusions are drawn in section V.

II. IEEE 802.11E MAC

[EEE 802.11 Task Group E is currently defining
enhancements to legacy 802.11 MAC, called 802.11e. which
introduces EDCF and HCF (Hybrid Coordination Function).
Stations. which operate under the 802 11e, are called QoS
stations (QSTAs) [9]. A QoS station, which works as the
centralized controller for all other stations within the same
QBSS. is called the Hybrid Coordinator (HC). A QBSS is a
BSS (Basic Service Set), which includes an 802.1le-
compliant HC and QSTAs. The HC will typically reside
within an 802.11e AP. In the following. we mean an 802.11e-
compliant QoS station by a station for simplicity.

EDCF is comention-based channel access mechanism,
which supports differentiated and distributed channel accesses
for frames with up o eight dilferent priorities (from 0 to 7),
With EDCF. QoS support is realized through the introduction
of Access Categories (ACs). An 802.1le station shall
implement four ACs, where an AC is an enhanced variant of
the DCF 0. Each frame from the higher layer arrives at the
MAC along with a priority value. Then, each QoS data frame
carries its priority value in the MAC frame header.

Different AC contends for the channel with different AIFS
{Arbitration Inter-Frame Space), CW,,,;, and CW,,zp, which are
referred to as the EDCF parameters. W, and CH,,, are

minimum and maximuin contention window size, respectively.

AlFS has the same meaning with DIFS (Distributed
Inter-Frame Space) in legacy 802.11 DCFE The AIFS length of
AC i is set according to following formula:
Ty, = Tgps +0dl FS X T grtine
where the minimuin value of /7S is one. Therefore. the
minimum setting forT, is equivalent to PIFS (Point Inter-
Framc Space) [1].

Basically, the smaller AIFS and CW. the shorter the
channel access delay for the corresponding priority, and hence
the more capacity share for a given traffic condition. All these

EDCF paratneters are announced by the AP via beacon frames,

and can be dvnamically adapted by AP depending on network
conditions.

In addition to EDCF, IEEE 802.1le terminals arc still
allowed (o support PCF [7]. The alternation of CFP and CP
constitaies a superframe. which is called CFPR (Contention
Free Period Repetition) interval. One thing to mention is that,
EDCF is only a part of a new coordination function called
HCF. which combines the aspects of DCF and PCF” But the
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detailed aspects of the HCF are beyond the scope of this paper.
so we focus on the EDCF and PCF in our work.

III. DYNAMIC POLLING MANAGEMENT AND QOS
DIFFERENTIATION

In this section, we propose to combine the EDCF and PCF
to support three types of services, which are VoIP, FTP and
HTTP, respectively. Generally speaking, people will regard
VoIP services as real-time traffic. whereas FTP and HTTP
services as non-real-time type. For convenience, we terin FTP
and HTTP as data traffic, though the QoS requirements of
them are different as far as delay is concerned. Basically.
users may require much less delay for HTTP services. As for
the FTP services, however, throughput is paramount,
Consequently, we propose to deliver VoIP packets with PCF.
while FTP and HTTP frames are transmitied during CP by
means of EDCF. Meanwhile, FTP and HTTP services are
offered prioritized EDCF parameters for the sake of QoS
differentiation. Actually. the priority of HTTP frames is higher
than that of FTP.

Fig. 1 Atwo-state Markov chain voice activity model [4}

Typically, a voice source alternates between talkspurt state
and silence state. According to the general model in [6]. the
voice activity can be described with a two-state Markov
process as shown in Fig. 1. In this model, falkspurt period and
silence period are exponentially distributed with mean values
of 1/ and 1/ 3. The packet generation rate {4 ) during ra/k-

spurt period is usually fixed and depends on the codec (Sec
Table I}, whereas the packet generation rate is zero during
silence period. In other words, a station in talkspurt gererates
frames periodically, but no frames are generated in sifence
period. If a certain station is polled when its voice source is in
silence state, traditional round-robin polling method of PCF
will cause valuable bandwidth wastes and incur unnecessarv
delay to other terminals with packets to transmit. The reason
is that, AP has to poll every terminal in its polling list in
sequence and check if each terminal has packet(s) to transmit.
In this case, the efficiency of PCF is quite low. As.a result. we
propose dynamic polling management for uplink VoIP
transimission according to the talkspurt-silence alternation
characteristics of speech traffic. That is; AP will dynamically
add and delete the voice terminals in the polling list.

* TABLEl SYSTEM PARAMETERS FOR DIFFERENT AUDIC CODECS [4)
Codec Bitrate | Frame duration | Pkis
{kbps) {ms) (1/s)
G711 64 20 50
G723.1 53 30 33
G723.1 6.4 30 33
GSM 13.2 20 )
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Firstly. if a voice station already in polling list replies the
CF _Poll from AP with Null frame for consecutive three times,
AP will remove the station from polling list. Y. Kim and Y.
Suh proposed to use the more-daia field in MAC header for
AP to detect the transition from falkspurt to silence state of a
voice source (4]. This in-band signaling method may cause
detection error if AP deletes the terminal from polling list
once the more-data field is set to zero. Because this field can
only indicate the queue state at the moment the terminal sends
this uplink packet, it is very possible that a new voice frame is
generated after a while but before the next CF_Poll. In this
case, immediate removing action may cause repeated and
unnecessary association during CP to incredse the labor of AP.

Secondly, when a voice source transits from talkspurt to
silence state, the first packet should contend for transmission
during CP. Once the packet succeeds in contention, AP will
¢etect the continuation of the traffic flow and reassign the
terminal antomatically into the polling list. Distinct from [5],
this packet will be given the highest priority in EDCF mode,
with smaller A/FS and CW,,;, parameters than FTP and HTTP
packets. This is due to the consideration that method in [5]
could suffer from an unpredictable access delay of the first

packet of each talkspurt, especially when the DCF has a high’

traffic load. Another method for comparison is SAD in [4].
Actually, the SAD is based on activity prediction. The authors
of [4] also proposed HAD (Hybrid Activity Detection)
method to combine SAD and activity contention method in

[51.
IV. SIMULATIONS AND RESULTS ANALYSIS

A, Simulation scenarios

The WLAN system in our simulation is based on [EEE
802.11e draft. Both the- AP and all the terminals are QoS-
capable. Since the overlapping BSS is out of the scope of this
paper, only one BSS with one AP is assumed, Without loss of
generality, we also assume that each terminal supports only
one type of traffic source, so the terminal is denoted according
to its source type. For instance, a terminal delivering VoIP
packets is termed as VOIP or voice station. We assume alto-
gether twelve terminals in our simulation, among which the
number of VoIP, FTP and HTTP stations is the same. That is,

~we have four VoIP stations, four FTP stations and four HTTP
stations in the BSS.

In our simulation, ITU G 711 codec with talkspurt-silence
alternation is adopted for each VoIP call. The frames are sent
out every 20 ms and the bit rate of the codec is 64 kbps. The
mean value of exponentially distributed falkspurt (1/a) and
silence (17 g) are 0.375 s and 0.625 s, respectively. Further-
more, we assume each packet only contains one voice frame,
so the payload is 160 bytes, With respect to the non-real-time
application, we assume the inter-request time is exponentially
distributed with mean value one second. The FTP file size is
constantly 56 kbytes. Each HTTP page includes two types of
object. One is constantly 10 kbytes, the other is uniformly
distributed within 1 kbyte and 3 kbyte. The number of the two
types is five and two, respectively.

TABLE Il PARAMETERS OF SIMULATION

Physical characteristics | DSSS |
Data rate (bps) 11 Mbps
Fragmentation 2304
threshold (byfes)
Short retry limit 7
p a.‘::i_ntzrs Long retry limi.t 4
CFP beacon multiple 1
SIFS time (us) 10
Slot time (us) 20
PIES time {us) 30
DIFS fime {us) 50
AIFS time 49
{us)
VoIP o . 3
Cvau 7
AIFS time 50
EDCF {us}
paramters FIP CWain 15
CWonn 31
. AIFS time 60
(us)
HITP —wa 3
CWnax 1023

The three types of traffic sources are offered different
EDCF parameters, which are listed in Table 11, together with
other most important parameters in our simulation. Notice
that the CFPR and CFP interval are not presented in the Table,
as we will use different values in our simulation to examine
their impact.

B. Simulation results

a) Comparison of schemes

For clarity, we termed our scheme as EDCF_DP (EDCF
and Dynamic Polling), while activity contention method in [3]
as DCF_DP. As for the HAD method, authors in [4] only
examine its effect in the case of DCF and PCF. To have a
more general understanding, we also simulate HAD using
EDCF and PCF. Moreover, DCF_FP (DCF and Fixed Polling}
scheme is simulated for comparison In a word, we will
compare our EDCF_DP with DCF_DF, DCF_FP, HAD DCF
and HAD_EDCF schemes.

The simulation results in the scenario as described above
are presented in Table IIL. The CFPR and CFP interval for
PCF is 20 ms and 15 ms, respectively. Tipess in HAD method
is 50 ms. This value is set according to [4], which regards 8%
of the average silence period is the optimal value. Further-
more, we collect one-way delay for all packets. i.e. from the
instant that packet arrives at WLAN MAC layer to the instant
it is received by AP successfully. Hence, we not only consider
media access delay but alse take collision and retransmission
into account.

As far as delay performance is concerned, we can find that
only EDCF_DP and HAD_EDCF can realize delay different-
tiation among VoIP, FTP and HTTP traffic. Delay of VoIP
packets in our scheme is about 10 ms. Although it is a little
higher than HAD EDCF scheme (6 ms), 10 ms is still far
below critical. FTP and HTTP delay of our scheme are all

lower than HAD EDCF. As for the HAD DCF scheme, FTP
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and HTTP delay is lower (around 38 ms), but no
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TABLE 1l COMPARISON OF SCHEMES

EDCFDP | noppp | DCFFP | HAD DCF | HAD EDCF
(ours)
FTP delay (s) 1.0554 0.09445 0.07154 0.03825 - 2.30597
HTTP delay (s) 0.04772 14.07505 13.27845 0.03703 0.06089
Voice delay (s) 0.01023 0.22785 0.00817 0.00775 0.00602
FTF throughput (kbps) 60.80468 132182 1.88181 103.86953 4.13378
HTTP throughput (kbps) 3233191 5.27474 10.05763 47.16267 -3.26479
Voice tliroughput (kbps}) 2994192 462291 20.77355 29.44873 29.15106
WLAN throughput (kbps) £76.07376 | 228.86067 | 35064548 1304.31 675.50844
WLAN data dropped (kbps) 6.91931 246.47716 91.5338 0.08629 572.8581%
differentiation is introduced. The voice delay of DCF_DP
scheme is much higher than others. This is due to the serious i '
contention during CP, which causes large delay for the first %Y T Vee /
voice packet in talkspurt period. ¥ oo e
o 00851 e
With respect’ {o the mean throughput of each station, T acw] <
HAD_DCF scheme works better than our scheme. The former § 0025 /'/
provides high FTP and HTTP throughput, while at the same & -
time guarantees cowparable voice throughput as DCF_FP g o / EOCF & dynamic polling POF
does. The FTP and HTTP throughput of our EDCF_DP £ CFPR intervatis 20 ms
scheme is not so satisfying, but it is much better than o1 e
remaining three schemes. Other three schemes are so poor as e T
to depress FTP and HTTP throughput below 10 kbps. s s 1 12 " "

Therefore, QoS differentiation by EDCF cannot be combined
with HAD method in this case. The reason is that in order to
avoid large voice delay, Tiyeq must be small. However, small
Tiresn means short transmission period for non-real-time
traffic. and thus the poor throughput. The fact can be
reaffirmed by high data dropped rate of HAD_EDCEF. Actually,
we also vary T, from 30 to 200 ms when simulating HAD.
From simulation results, we find that this parameter nearly
have no impact on the delay performance. (Due to the limit
room here, the figures are omitted.) Finally, from the aspect of
aggregated WLAN throughput and data dropped situation, our
scheme still perforrns well, only a little worse than
HAD_DCF.

by Impact of CFPR ard CFP interval

The CFPR and CFP interval are two parameters not yet
specified in WL AN standards, since PCF is optional and their
value must match the traffic load and QoS requirements. We
simulate our proposed EDCF_DP scheme in several scenarios
with differemt combination of CFPR and CFP interval. The
results are depicted in Fig. 2 — Fig, 5.

Notice that the detay for FTP is not plotted in Fig. 2 and 3
s0 as to clearly show the delay performance of HTTP-and
VolIP traffic. (FTP delay is much higher than the latter two as
Table IV lists, and its {rend is similar with HTTP) Fig, 2
demonstrates that the decrease of CFP interval is able to
reduce all delay. This is due to the appropriate setting of
CFPR interval, which is the same with inter-arrival time of
VoIP packets (20 ms). Once a VoIP station is added into
polling list, it will be polled periodically every 20 ms.
Therefore, the VoIP delay is quite small during CFP, and the

1565

CFP interval {ms)

Fig. 2 Impact of CFP interval on HTTP and VoIP delay
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Fig. 3 Impact of CFPR interval on HTTP and VoIP delay

only possible large delay is due to the first packet in talkspurt.
Moreover, small CFP interval means long CP period, which
offers more chance to the contention and benefits all the three
types of traffic source. However, as Fig. 3 depicts, 25 ms
CFPR interval is optimal for VoIP traffic if the CFP interval is
fixed to 15 ms. Reason for decreased HTTP delay is obvious
as explained above. For VoIP packets, large CFPR interval
will inevitably increase the delay again, as the packets may be
queued and wait for the CF_Poll frame in next CFPR,

The throughput performance from a single station aspect
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is illustrated in Fig. 4 and 5. where CFP and CFPR intervals
are varied. respectively. In the case of fixed CFPR interval as
20 ms. the increase of CFP interval will' decrease the
throughput of FTP and HTTP station. On the conirary, if the
CFPR interval is increased from 20 ms to 40 ms, the FTP and
HTTP throughput will become larger. Note that the
throughput of a single voice station is almost constant in both
cases. It is due to the contention-free access. which guarantees
nearly zero loss rate for voice frames. In a word. the longer
ihe CP. the more transmission chance for FTP and HTTP
traffic, and thus the higher throughput. The same tread is with
aggregated WLAN throughput,
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V. CONCLUSIONS AND FUTURE WORK.

In this paper. we propose the combindtion of dynamic
polling management and EDCF, 1o provide QoS
differentiation to multiple types of services. The polling list of
AP is adaptive to the talkspurt-silence alternation of speech
traffic source, which dynamically adds/removes the VolIP
terminals into/from polling list. Furthermore, real-time and
non-real-time traffic contend for the shared wireless medium
during contention period with different EDCF parameters, so
as to provide priontization. Extensive simulations demon-

strate that our EDCF_DP scheme not only guarantees the
delay requirement of mral-time voice service and the
throughput requirement of non-real-time FTF and HTTP
services, but also introduces excellent differentiation. The
aggregated WLAN throughput and data drop rate are also
satisfying. Moreover, we examine the impact of CFPR and
CFP interval parameters of PCF by simulation. The resuits
show that large CFPR and small CFP value favor non-real-
time traffic delivered in contention period. But it is advisable
to set CFPR interval equal or a little larger than the inter-
generation time of VoIP frammes. In this case, both the delay
and throughput of all traffic can be well guaranteed.

Actually, the delay performance of VoIP traffic is largely
deteriorated by FTP like traffic that carries large-size packets
to WLAN, Because DCF mode in MAC laver of WLAN will
not initiate a new backoff contemtion procedure until all
fragments of a packet from higher layer are transmitted. large
size FTP packets (the max packet length of WLAN is as large
as around 18 kbytes) are quite possible to obstruct the beacon
and start of CFP. In next step., we will design a virtual
“more-data” scheme to restrict the fragments sent out after
one successful contention. Future work is also needed to take
HCF of [EEE 802.11e into account, while at the same time
examine the dynamic setting of EDCF parameters according
to the nenwork load condition.
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