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Abstract. In this paper, we propose a HCF-based Dynamic Polling Mechanism (HDPM)
to enhance the system capacity in supported voice stations over IEEE 802.11e WLANs,
which employs hybrid coordination function (HCF) defined in IEEE 802.11e to detect the
silence and talkspurt alternation of voice stations and dynamically adds and removes the
voice station IDs in the polling list. Apart from the existing dynamic polling mechanisms,
the HDPM detects the “silence-to-talkspurt” alternation by the successful reception of
the first packet of each talkspurt, which contends to access channel with high enhanced
distributed coordination function (EDCF) priority in contention period (CP). An analyt-
ical model is presented to investigate the access delay of the voice packets transmitted in
CP and the system capacity in supported voice stations. The numerical and simulation
results show that the performance of the HDPM significantly outperforms that of conven-
tional static polling mechanism. In addition, through exploring the impact of the HDPM
on the throughput of data stations, we conclude that the performance of the HDPM can
be optimized by configuring the first packet of each talkspurt with the highest EDCF
priority.
Keywords: WLANs, HCF, dynamic polling mechanism, voice transmission.

1 Introduction

Legacy IEEE 802.11 WLANs defined two medium access control schemes: distributed
coordination function (DCF) and point coordination function (PCF). DCF is contention-
based and more suitable for delay insensitive traffic, while PCF is contention-free and
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more suitable for delay-sensitive traffic. Later on, EDCF was proposed in IEEE 802.11e [1],
which provides differentiated and distributed channel access by setting different contention
parameters such as the minimum contention windows (CWmin), the maximum contention
windows (CWmax), and the arbitration inter frame space (AIFS) interval. Although EDCF
significantly improves the average access delay of voice packets, it can not satisfy the delay
requirement of voice traffic still, especially in heavy traffic load. Therefore, PCF is treated
as the best choice for voice transmission in WLANs.

So far, much research has been done for voice transmission with PCF in WLANs.
In [2], the authors proposed a cyclic shift polling method and derived an upper bound
for the capacity in supported voice stations. However, since the size of the polling list
in their scheme is fixed, redundant polls may happen resulting in CF-Nulls. Later on, in
[3], they introduced a Cyclic Shift and Station Removal (CSSR) polling scheme, which
is capable of removing the silent stations from the polling list by detecting CF-Nulls.
However, how to detect the reactivation of the voice stations was not considered. For this
issue, in [4], the authors proposed a statistical activity detection (SAD) scheme, where
the point coordinator (PC) definitely polls the voice station whose sojourn time of silence
state exceeds a pre-defined threshold Tthresh. Apparently, there is a trade off between the
delay of voice packets and the throughput of data traffic in CP when choosing Tthresh.
As a compromise, another activity detection scheme, which combines DCF and PCF, was
proposed in [5], where the first voice packet of each talkspurt contends for transmission
with DCF in CP. Unfortunately, [6] indicated that this scheme leads to unacceptable delay
for voice packets if the network load is heavy.

As we know, a hybrid coordination function (HCF), which combines EDCF and PCF,
was also proposed in IEEE 802.11e to reduce the access delay of voice packets. By means
of this new coordination function, we propose a HCF-based dynamic polling mechanism
(HDPM) to improve the activity detection of voice stations, where the PC detects the
“silence-to-talkspurt” alternation by the successful reception of the first packet in each
talkspurt which is transmitted in CP with high EDCF priority. We employ a Markov
model to analyze the performance of EDCF used in CP. It is proved that by setting high
EDCF priority, the access delay of voice stations can be reduced sufficiently small so
that the first packet of each talkspurt can be sent successfully in a CP interval without
loss. Based on the proposed HDPM, the system capacity in supported voice stations is
calculated. Furthermore, the throughput of data stations in HCF is also evaluated. In the
end, through investigating the factors that influence the throughput, we derive a guide
line for configuring the parameters of the proposed HDPM.

The rest of this paper is organized as follows. In Section II, we describe the system
and the proposed HDPM. The performance of the HDPM is evaluated in Section III.
Numerical results and simulations are given in Section IV. Finally, the conclusions are
drawn in Section V.

2 HCF-based dynamic polling mechanism

Considering an IEEE 802.11e based WLAN which consists of one access point (AP) serving
as the PC, Nr voice stations, and Nd data stations. Packet transmissions are separated by
contention free period (CFP) and CP, and a polling list is maintained in CFP at the PC.
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All voice packets except the first packet of each talkspurt are transmitted in CFP, while
the data packets are sent in CP. Same as [2] and [3], it is assumed that the voice packet
generation interval is equal to a contention free repetition interval (CFPRI). In addition,
it is assumed that all data stations operate in saturation conditions during CP.

A voice station sends packets in CFP if its station ID is in the polling list. If a
voice station in polling list responses the CF-Poll frame with a CF-Null frame, which
implies that it is in the silence state, the PC will remove the station from the polling
list temporally. When the voice station transits from the silence state to the talkspurt
state, the first packet contends for transmission with high EDCF priority in CP. Once
the first packet is transmitted successfully, the PC then detects the continuation of the
traffic flow and reassigns its station ID into the tail of the polling list. In addition, for
the voice station whose ID has already been in the polling list, upon receiving a polling
message, it is permitted to transmit all packets stored in its buffer until that time. If it is
not polled in current CFP due to too many stations in the polling list, all packets in the
buffer will be dropped. Correspondingly, for the voice station whose ID has been removed
from the polling list temporally, upon receiving a CF-END frame, all packets stored in
its buffer until that time will contend to transmit in CP. Upon receiving a Beacon frame,
the remaining packets in the buffer except those received during the CP will be dropped.

3 Analytical model

As mentioned above, the activity detection mechanism for the silence-talkspurt alternation
in HDPM is based on the event that the first packet of each talkspurt is successfully
transmitted with high EDCF priority in CP. In this case, we develop an analytical model
to calculate the access delay of voice packets in CP. And through comparing the access
delay with the average length of CP, we prove that it is easy for the first packet of each
talkspurt to be sent successfully in a CP interval. Furthermore, by means of this model,
we also derive the system capacity of supported voice stations in literature.

3.1 The access delay of voice packets in CP

From [13], CWmin and CWmax dominate the access delay and throughput of different
EDCF priorities, but the impact of AIFS is small. In this way, we set AIFS=DIFS for all
stations for convenience of analysis. Let nr (nr ≥ 0) denote the number of active voice
stations that contend to access channel in CP, respectively. And let τr and τd denote
the probabilities that a voice station transmits in a considered time slot and that a data
station transmits in a considered time slot, respectively. Then, from [11], we can solve
(pr, pd, τr, τd) numerically with simultaneous equations





τr =
2(1− pr)(1− 2pr)

(1− 2pr)(Wr + 1) + prWr[1− (2pr)mr ]

τd =
2(1− pd)(1− 2pd)

(1− 2pd)(Wd + 1) + pdWd[1− (2pd)md ]

pr = 1− (1− τr)
nr−1(1− τd)

Nd

pd = 1− (1− τr)
nr(1− τd)

Nd−1

(1)

1499



where Wr and Wd respectively denote the minimum contention window for voice stations
and data stations, and mr and md denote the retransmission times for voice stations and
data stations by the contention window reaching to the maximal value, respectively.

In this paper, we only concentrate on the access delay of voice packets in CP. Given
nr and Nd, the average access delay of voice stations is given by

E[D] = E[Nc] (E[B] + E[TO]) + (E[B] + Tr) (2)

where E[Nc] is the average number of collisions that occurs before the successful transmis-
sion of a voice packet, E[B] is the average backoff delay that a voice station experiences
before accessing the channel under the condition that the channel is busy, TO is the time
that a station has to wait before sensing the channel again when its last transmission
collides, and Tr is the average time spent for a successful voice transmission. From the
standard, the expected value of TO is given by

E[TO] = (H +Pd)(1−(1−τd)
Nd)+(H +Pr +∆s +ACKtimeout)(1−τd)

Nd(1−(1−τr)
nr−1)

where H is the time spent in transmitting a frame header, ∆s denotes a short inter frame
space (SIFS), ACKtimeout denote a ACK timeout interval, and Pr and Pd denote the time
elapsed by sending a voice frame payload and a data frame payload, respectively.

Let PSr and PSd denote the probabilities that a successful voice transmission and a
successful packet transmission occur in a time slot, respectively. Then, we have

{
PSr = nrτr(1− τr)

nr−1(1− τd)
Nd

PSd = Ndτd(1− τr)
nr(1− τd)

Nd−1
(3)

In addition, let Ptr denote the probability that the channel is busy in a time slot. Then,
we have

Ptr = 1− (1− τr)
nr(1− τd)

Nd (4)

Consequently, E[Nc] is given by

E[Nc] =
Ptr

PSr

− 1 (5)

The average backoff delay of a voice packet in CP depends on the value of its backoff
counter and the duration that its counter freezes due to other stations’ transmissions. Let
X denote the time interval for the counter to reach zero without taking into account the
time the counter is stopped. Then, the average value of X is given by

E[X] =
b

6(1− pr)
· W 2

r (1− pr − 3pr(4pr)
mr) + 4pr − 1

(1− 4pr)(1− pr)
(6)

where b = 2(1−pr)2(1−2pr)
(1−2pr)(Wr+1)+pWr[1−(2pr)mr ]

. Let NFr and F denote the number of times that

the counter freezes and the total time that the counter freezes, respectively, and E[Ψ ] de-
note the average number of consecutive idle slots before a transmission proceeds. Clearly,
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E[Ψ ] = 1
pr
− 1. Then, we have





E[NFr] =
E[X]

max(E[Ψ ], 1)
− 1

E[F ] = E[NFr](PSrTr + PSdTd + (1− PSr − PSd) TC)

(7)

where Td is the average time spent for a successful data transmission. In addition, E[B]
can be expressed as

E[B] = E[X] + E[F ] (8)

Finally, substituting (5), (6), (7), and (8) into (2), we get E[D]. In Section IV, we
verify that E[D] is far smaller than the average length of CP in practical system.

3.2 System capacity in supported voice stations

From [12], the behaviors of a voice source can be modelled as a two-state Markov process
(Fig.1). The lengths of the talkspurt period and the silence period are exponentially
distributed with average values 1/λ and 1/µ, respectively. During the talkspurt period,
packets are generated with fixed interval, which is equal to the CFPRI, but no packets
are generated during the silence period.

Let TR, TF , and TP denote the durations of CFPRI, CFP, and CP, respectively. Appar-
ently, TR = TF + TP . From [2], due to the delay of Beacon frames, the minimum duration
of the reduced CFP that can be promised to transmit voice packets is given by

T ∗
F = TR − (2Tm + 3∆s + 2σ + 9Ta + ∆d) (9)

where σ is the SlotT ime time unit used for updating backoff counters, Tm and Ta are
respectively the transmission time for the data frame with largest length and the ACK
frame, and ∆d denote a distributed inter frame space (DIFS). Note that propagation delay
is neglected in this paper because it is very small.

Let variables N0 and N1 denote the number of the voice stations being in the silence
state and those being in the talkspurt state, respectively. Clearly, Nr = N0 + N1. From
[14], the probability that a voice source is in the silence state (denoted by p0) is equal to
λ/(λ + µ). Accordingly, the probability that it is in the talkspurt state (denoted by p1)is
given by p1 = 1− p0. Then, we have

P (N1 = n) =

(
Nr

n

)
pn

1p
Nr−n
0

� � �� ���� � 	 
��� �λ

µ

∆
1 ����

 

Fig. 1. A two-state Markov chain voice activity model
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In this way, the average value of N1 is given by

E[N1] =
Nr∑
n=1

nP (N1 = n) = Nrp1 (10)

As mentioned above, the packets that need to transmit in current CFP are those
received in the last CFPRI. Let p01 and p10 denote the probabilities that a voice station
transits from the silence state to the talkspurt state and that from the talkspurt state to
the silence state in a CFPRI period, respectively. Then, we have

p01 = 1− e−µTR , p10 = 1− e−λTR (11)

Let N10 denote the number of voice stations stay in the talkspurt state but not in the
polling list. Then, we have

P (N10 = n) =
Nr∑

N1=n

(
Nr

N1

)
pN1

1 pNr−N1
0

(
N1

n

)
pn

10(1− p10)
N1−n (12)

From the DPM, the average number of the voice stations, which are still in the polling
list but no packets available for transmission due to silence, is given by

E[N10] = Nrp1p10 = E[N1]p10 (13)

In practice, since 1/λ is much larger than TR, N10 is so small that it is ignored in the
following calculation. Therefore, the maximal number of supported voice stations which
stay in the talkspurt state is given

nmax = bT
∗
F − Tb −∆p −∆s − Tce

Tt

c (14)

where bxc denotes the largest integer no greater than x, ∆p denotes the PIFS, Tb and
Tce respectively denote the transmission time for a Beacon frame and a CF-END frame,
and Tt = ∆p + Tp + ∆s + T1 is the time required for the transmission of a voice packet
in CFP. Herein, Tp is the transmission time for a CF-Poll frame, while T0 and T1 are the
transmission time for a voice frame and a CF-Null frame, respectively.

Clearly, if N1 > nmax, some voice stations being in the talkspurt state will not be
polled in CFP, which results in packet loss inevitably. If a bound of packet loss rate PL

can be tolerated, an increment on the number of supported voice stations will be gained.
If Nr > nmax, the probability PL is given by

PL =
Nr∑

N1=nmax+1

N1 − nmax

N1

(
Nr

N1

)
pN1

1 pNr−N1
0 (15)

Then, given PL, the system capacity in supported voice stations can be easily calculated
by (15).
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4 Performance evaluation

In order to evaluate the performance of the HDPM, extensive numerical calculations and
simulations are given in this section. The parameters of the voice model is the same as
that used in [14]. Other parameters for WLAN MAC are the same as these defined in the
standard [7].

4.1 Delay of voice packets

Firstly, we identify the access delay of the voice packets in CP. To gain a better under-
standing on the effects of the voice stations’ priorities, we explore 3 different cases, in
which different priorities are configured for the voice stations but the priority of the data
stations keeps the same. Particularly, in all case, the priorities of the voice stations are
higher than that of the data stations. According to the numerical results of (12), the
probability that the number of the voice stations being active in CP is smaller than 3 is
much larger than others for 40 voice stations given. Therefore, two scenarios, in which
the number of the voice stations being active in CP are respectively set as 1 and 2, are
considered.
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Fig. 2. The average access time of voice stations (Case
1: Wr = 8, mr = 2; Case 2: Wr = 4, mr = 2; Case 3:
Wr = 4, mr = 1.)
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Fig. 3. The comparison of polling mechanism schemes
in capacity

Fig.2 shows the access delay of the voice stations versus the number of the data stations
as the number of the voice stations varies. As the number of the data stations increases,
the access delays of the voice stations increase in all cases. In case 1, the access delay
increases so quickly that it is larger than 10 milliseconds when the number of the data
stations exceeds 20. However, the access delays are smaller than 3 milliseconds in both
case 2 and case 3. On the other hand, in practical system, the average length of CP is
larger than 10 milliseconds in the same conditions. Therefore, if the priority of the voice
stations is set as case 2 or case 3, the voice stations can easily access channel in CP
without packet loss.
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Fig. 4. The system capacity in supported voice stations for different PL

4.2 System capacity in supported voice stations

The numerical results above proves the validity of HDPM, and then the performance
of HDPM is investigated in this subsection. To better understand the performance of
HDPM, a comparison with static polling mechanism is implemented. Moreover, a NS-2
based simulation is made to validate the numerical results. The tolerated packet loss rate
is set as 0.005. The numerical results of the HDPM is based on the numerical calculation
for (15), which ignores the packet loss caused by the first packet of each talkspurt. The
results are plotted in Fig.3. Clearly, the simulation results, which consider all packet loss,
are very close to the numerical results, and the performance of the HDPM significantly
outperforms that of static polling mechanism.

In addition, from (15), the system capacity in supported voice stations depends on
the value of PL intensively. Therefore, it is essential to investigate the impact of PL

on the system capacity. As shown in Fig.4, the system capacity increases as CFPRI
and PL increase. The increment of CFPRI results in more bandwidth available for voice
transmissions, and hence the system capacity increases. And the increment of PL improves
the utilization of CFP, and thus the system capacity further increases.

4.3 Throughput of data stations

Due to the employment of HDPM, the throughput of data stations is reduced to some
extent. Through an simple analysis, we find that the throughput of data stations can be
influenced by three factors: the number of voice stations, the number of data stations, and
the EDCF parameters of both types of station. In this subsection, we respectively explore
the impacts of these factors on throughput by simulations. Fig.5 shows the throughput of
data stations versus the number of voice stations for various nd values. On one hand, the
throughput of data stations decreases linearly as the number of voice stations increases,
since the increase in the number of voice stations reduces the length of CP. On the other
hand, the more data stations, the smaller the throughput. In CP, the data stations access
channel by CSMA/CA, and thus the more stations, the more collisions. Therefore, overfull
data stations result in the decrease in the throughput.
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 Fig. 5. The impact of the number of voice stations on
the throughput of data stations
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 Fig. 6. The throughput of data stations versus the
number of voice stations for different EDCF priorities
of voice stations

Fig.6 shows the throughput of data stations versus the number of voice stations varies
for 3 different EDCF priorities of the voice stations. Clearly, there are almost no influences
for the EDCF priorities of the voice stations on the throughput of data stations, which
is mainly because the number of the voice stations being active in CP is generally very
small. In this case, the voice stations should be configured as the highest EDCF priority
in CP in order to decrease the access delay and the packet loss.

In a word, the data throughput is mainly influenced by the number of voice stations
and the number of data stations but not the priority of the voice stations. Therefore, an
admission control should be implemented to promise the QoS of both types of station.
This topic is out of the scope of this paper, but we will study it in future work.

5 Conclusion

In this paper, a novel HCF-based dynamic polling mechanism was proposed and evaluated.
A Markov chain model was developed to calculate the access delay of the voice stations in
CP. Numerical results demonstrate that the access delay of the voice stations with high
priority is so small that the voice packet loss caused by the first packet of each talkspurt can
be ignored. Then, we derived a closed-form expression for the system capacity in supported
voice stations. The numerical and simulation results showed that it is much larger than
that of static polling mechanism. In addition, we also investigated the impact of HDPM
on the throughput of data stations by simulations, and concluded that the performance
of the HDPM can be optimized by configuring the first packet of each talkspurt with the
highest EDCF priority.
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