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Abstract

In this paper, we analyze the timing behavior of the

EDCA communication mechanism defined in the IEEE

802.11e standard, when it is used to support real-time

(RT) traffic. In the context of this paper, RT traffic means

small sized packets generated in periodic intervals, which

must be delivered before the end of the message stream

period. Otherwise, the message is considered to be de-

layed and a deadline loss occurs. The target of this pa-

per is to understand the limitations of the highest priority

level of the EDCA mechanism (voice category) when sup-

porting RT communication. We have assessed this mech-

anism considering an open communication environment,

where there are RT and non-RT stations operating in the

same frequency band. Furthermore, a realistic error-

prone model channel was used to measure the impact of

interferences against an error-free channel. We show that

in the most cases evaluated, both the number of packet

losses and the average packet delays forecast an unac-

ceptable number of deadline losses for the RT message

streams, even for intermediate load cases. As a conclusion

of this paper, we present some potential future directions

toward improved QoS in wireless networks.

1 Introduction

In the last few years, there has been a growth in the use

of wireless technologies in several application areas that

requires a trustworthy Quality of Service (QoS). Driving

examples range from voice over IP (VoIP) to Networked

Control Systems (NCS). For such type of application do-

mains, the support of reliable communications is one of

the major requirements. For instance, in automation sys-

tems, real-time (RT) control data must be periodically

transferred between sensors, controllers and actuators ac-

cording to strict transfer deadlines.

The IEEE 802.11e [1] amendment is a published stan-

dard, intending to provide differentiated levels of QoS to

the supported applications. A number of studies have

evaluated this standard considering typical multimedia

traffic requirements. That is, requirements usually ap-

plied for transferring voice and video streams together

with background traffic. However, when the communica-

tion services are used to support RT applications, specific

communication requirements must also be considered, in-

cluding specific RT and reliability constraints [2].

Besides, a relevant aspect that must be taken into ac-

count, when addressing wireless networks, is that all sta-

tions share the access to the same radio channel, as the

medium is an open communication environment. Thus,

any new participant can try to access the medium at any

instant according to the medium access control (MAC)

rules and establish its own communication channels. Fur-

thermore, the wireless communication environment is sus-

ceptible to interferences, not only from devices using

the same communication technology, but also from other

technologies working in the same frequency band [3].

Therefore, the bit error rate (BER) cannot be considered

negligible in wireless networks. As a consequence, the

system load cannot be predicted at system setup time, nor

can it be effectively controlled during the system run-time.

Most published works on the performance of IEEE

802.11 networks have focused on typical metrics used in

multimedia domain. Besides, the impact of varying net-

works conditions, which is one of the main challenges

to ensure QoS support in IEEE 802.11 networks identi-

fied in [4], are usually not considered. Relevant exception

is [5], which experimentally assesses the impact of back-

ground traffic upon RT traffic.

In this paper, we evaluate the timing behavior of the

EDCA mechanism of the IEEE 802.11e amendment by

simulation. Basically, we assess the impact of the un-

constrained external traffic load upon the behavior of the

voice category, when this access category is used to trans-

fer small sized packets, generated in periodic intervals.

Besides, we consider both the case of error-free and error-

prone channels. That is, the effects of interferences typ-

ical of industrial environments (e.g. EMI) are taken into

account and compared to the ideal environment behavior.

The rest of this paper is organized as follows. In
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Section 2 we describe the basics of the IEEE 802.11e

MAC mechanism. In Section 3 we briefly refer the used

Stochastic Petri Nets (SPN) simulation model. After-

wards, in Sections 4 and 5 we carefully analyze relevant

RT simulation scenarios. These scenarios target the ti-

ming behavior of the EDCA mechanism supporting RT

traffic. In Section 6 a summary and future directions for

the support of RT communication in open communication

environments are drawn. Finally, the paper is concluded

in Section 7.

2 IEEE 802.11 Medium Access Mechanisms

The original IEEE 802.11 MAC protocol defined two

MAC mechanisms: the Distributed Control Function

(DCF) and the Point Coordination Function (PCF). The

DCF mechanism uses the well-known Carrier Sense Mul-

tiple Access with Collision Avoidance (CSMA/CA) pro-

tocol to control the medium access. The PCF mechanism

uses a centralized polling scheme upon the DCF mecha-

nism to support synchronous data transmissions, through

an Access Point (AP) station.

Recently, the IEEE 802.11e standard was published as

an amendment to the original standard, intended to pro-

vide QoS in IEEE 802.11 networks. The IEEE 802.11e

amendment incorporates an additional coordination func-

tion called Hybrid Coordination Function (HCF) that is

only used in QoS network configurations. The HCF uses

both a contention-based channel access method, called

the Enhanced Distributed Channel Access (EDCA) and a

controlled channel access, referred as the HCF Controlled

Channel Access (HCCA) [1] (Figure 1).

Figure 1. IEEE 802.11e MAC architecture.

The HCF mechanism schedules the access to the chan-

nel by allocating transmission opportunities (TXOP) to

each of the stations. Each TXOP is defined by a starting

time and a maximum length and may be obtained through

one of two access mechanisms specified by the HCF func-

tion (HCCA and EDCA).

The HCCA mechanism has been proposed as an im-

provement to the PCF mechanism. It was proposed to

guarantee bounded delay requirements. However, some

preliminary studies [6, 7] have already shown that HCCA

may not be able to guarantee the expected RT communi-

cation requirements. Furthermore, it is still not clear if

the HCCA mechanism will be implemented in next gene-

ration WLAN networks cards, solving the unavailability

problem of the PCF mechanism [8]. Therefore, it is ex-

pected that multiple applications will use the EDCA mode

to support RT communications, due to the widespread use

of this access mode.

Therefore, this paper will be focused on the analysis of

the timing behavior of the EDCA mode, when it is used to

support RT communications.

2.1 IEEE 802.11e EDCA

The EDCA provides a distributed mechanism for the

channel access under the control of the HCF coordination

function. It can be used as the only access mechanism

or it can be used during the contention period (CP) of the

HCCA mechanism. The EDCA is designed to provide dif-

ferentiated transmission services, with 4 different priori-

ties. It enhances the DCF scheme, as each frame arriving

at the MAC layer with a defined priority will be mapped

into one of 4 access categories (AC): voice (VO), video

(VI), best-effort (BE) and background (BK). These access

categories are based on the 8 priority levels defined by the

IEEE 802.1D standard, as follows: priorities 1 and 2 for

BK traffic; priority 0 and 3 for BE traffic; priorities 4 and

5 for VI traffic; and, finally, priorities 6 and 7 are mapped

for VO traffic that is the highest priority level.

Different levels of service are provided to each of the

AC traffics, based on three independent mechanisms: the

Arbitration Interframe Space (AIFS), the TXOP time in-

terval and the Contention Window size (CW). Firstly, for a

station operating under the EDCA mode, each frame will

wait during an AIFS[AC] interval, instead of waiting du-

ring a DIFS interval (as it was the case for DCF in IEEE

802.11). Only after the channel remaining idle during an

AIFS[AC] interval (Equation 1), the station will start to

transmit the frame.

AIFS[AC] = AIFSN [AC]×aSlotT ime+aSIFSTime
(1)

where the AIFSN[AC] must be greater than or equal to 2

for all stations, except for the QoS Access Points where it

shall be greater than or equal to 1. Figure 2 shows the

relationships between the multiple AIFSs in the EDCA

scheme.

Figure 2. Interframe spaces in the EDCA
mechanism.
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Secondly, the EDCA mechanism introduces the TXOP

concept, i.e., a time interval during which the station keeps

the medium access rights. Consequently, multiple frames

may be transmitted during an acquired TXOP, if there is

more than one frame pending to be transferred in the AC

for which the channel has been acquired.

Finally, if a station wants to transmit a frame while the

channel is busy, or becomes busy before the expiration

of the AIFS[AC], the backoff procedure is invoked (third

traffic differentiation mechanism). The contention win-

dows are defined by the aCWmin[AC] and aCWmax[AC]

attributes, in contrast to the legacy DCF where the ini-

tial values are randomly selected from the [0, CW] in-

terval defined by the physical layer. In the EDCA func-

tion, the backoff procedure selects a random number,

in the range [0, CW], where the CW size is initialized

at aCWmin[AC]. When a transmission fails, CW is in-

creased as newCW [AC] = [(oldCW [AC]+ 1)× 2− 1].
On the other hand, the backoff counter decreases the back-

off interval whenever the medium is detected to be idle

for AIFS[AC]. In contrast to the DCF mode, where the

station would try to transmit as soon as the backoff timer

reaches zero, in EDCA the station initiate the transmis-

sion in the first slot boundary after the backoff counter

has reached zero. Nevertheless, DCF counters decrement

at the end of idle backoff slots, while EDCA backoff coun-

ters decrement on backoff slot boundaries. Consequently,

there is no difference on the initial transmission time be-

tween DCF and EDCA, considering the same number of

selected slots to backoff. Additional information about

IEEE 802.11 MAC protocol can be found at [9].

3 The Simulation Analysis

Traditionally, the analysis of the RT communica-

tion behavior should be made for worst-case scenarios.

A common specification for the delay requirement is

through the use of a deterministic delay bound, where

Di <= Dmax ∀i, being D the delay of each message

i, and Dmax the upper bounded delay specified by the

client. Usually, this upper bounded delay is also called

deadline. However, worst-case scenarios in probabilistic

medium access networks, as it is the case of IEEE 802.11

networks, address rarely occurring cases and, those cases

may only be relevant for safety-critical applications.

This paper has been focused on the timing analysis of

the average communication behavior. The main reason for

this option is that the target applications are usually loss

tolerant in what concerns the lost of some message dead-

lines. For instance, the transfer of a video stream may be

specified to tolerate a maximum of 10% deadline loss rate,

if the loss frames are “adequately” spaced. Other exam-

ples of relevant loss tolerant applications are NCSs sched-

uled according to the (m,k)-firm model [10], and the sup-

port of VoIP applications, where an average packet delay

below 150ms and an average jitter < 50ms are accept-

able for most user applications [11]. However, for VoIP

applications, only packet loss rates up to 3% are generally

acceptable.

In the case of loss tolerant applications, the RT be-

havior can be specified through the use of statistical me-

trics. For example, the statistical delay bound can be rep-

resented by Prob(Di ≤ Dmax) ≥ Zmin, where Di and

Dmax are defined as above, and Zmin is the lower bound

of the probability of successful and timely delivery. Ad-

equate values for Zmin within the industrial environment

can be defined among 0.95 to 0.98, when dealing with soft

RT applications.

The simulation model was built using a Stochastic Petri

Net (SPN) tool [12] and it describes the dynamics of

the Contention-Based Channel Access function (EDCA)

of the Hybrid Coordination Function (HCF) of IEEE

802.11e. For all the simulations, it has been used a Semi-

Markov error model, where the channel is always in one

of two states: Good or Bad. The state holding times are

according to a log-normal distribution. This model as-

sume that bit errors are independent, with a fixed error

rate. For the parametrization of the Semi-Markov model,

it has been used the values defined in [13], which are re-

alistic values for wireless transmission in an industrial en-

vironments.

Therefore, for all channels the mean duration of good

state is 65ms, the mean duration of bad state is 10ms and,

the coefficient of variation (CoV) for the bad state holding

times has been set to 10 and for the good state to 20. These

mean burst lengths lead to a rather bad channel, where

the steady-state probability for finding the channel in bad

state is approximately 13.3%. Two sets of simulations are

assessed, differing in their respective mean bit error rate

(BER). The first set defines a mean BER of 10−4, while

the second set defines that no bit errors occur. Therefore,

during the bad channel states for the first set, the BER is

about 7.5E-3 and, for the good state no errors will occur.

4 Simulation Scenarios

The proposed scenarios analyze the behavior of the

highest access category (voice), when this category is used

to transmit RT data (small sized packets in periodic inter-

vals) from RT stations. The communication environment

is shared with unconstrained traffic sources that are out of

the sphere-of-control of the RT architecture. These RT pe-

riodic data exchanges are intended to model both sensor

messages sent to plant controllers, and output messages

sent from plant controllers to the actuators.

Therefore, a simulation model was built, considering

multiple ST and RT stations operating in the same fre-

quency band. The RT stations only transfer RT traffic,

using the default set of parameters defined by the EDCA

function for the voice (VO) access category. On the other

hand, ST stations transmit three types of traffic: voice

(VO), video (VI) and background (BK), also using the de-

fault set of parameters defined by the EDCA mechanism.

Basically two simulation cases are analyzed. The first
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scenario (small population case) considers 10 ST stations

operating in the same frequency band together with 10, 20,

30 or 40 RT stations. The second scenario (large popu-

lation case) extends the number of ST stations to 40.

The physical parameters used in the simulations are

based on the IEEE 802.11a PHY mode. Each sta-

tion operates at OFDM (orthogonal frequency division

multiplexing) PHY mode, control frames are transmitted

at a basic rate equal to 1 Mbps, while the MSDU (MAC

service data units) are transmitted at 36 Mbps. The max-

imum number of transmission attempts is set to 4. The

MAC queue size is set to 50 positions. All other relevant

simulation parameters are shown in Table 1, where it be-

comes clear that RT traffic is transferred at the same pri-

ority level as VO (voice) traffic. The only distinguishing

difference is the length of transferred packets.

Table 1. Simulation data.

Parameters RT stations
ST stations

VO VI BK

CWmin 7 7 15 31

CWmax 15 15 31 1023

AIFSN 2 2 3 7

TXOP (ms) 1.504 1.504 3.008 0

Packet Size - bytes 45 160 1280 1600

Message stream (ms) 2, 10, 20 Variable Variable Variable

The generated data frames have a constant size. The

RT traffic is characterized by periodic traffic sources with

a small amount of imposed jitter. To model this behavior

a normal distribution with σ/µ ≤ 1% (σ is the standard

deviation and µ is the average expected value) is used.

It is also guaranteed that the RT traffic is not correlated

among RT stations. Each RT station generates packets

with fixed message stream periods (MSP) of 2ms, 10ms
or 20ms with 45 bytes for data payload, which is equiva-

lent to generate 500, 100 or 50 packets/s. Therefore, each

RT station imposes a constant network load of 180, 36 or

18 kbits/s that represents about 0.5%, 0.1% or 0.05% of

the total network load (without considering the MAC and

PHY headers).

The ST stations have Poisson traffic sources, where the

imposed network load ranges from 10% to 90%. In or-

der to impose these network loads, each ST station gen-

erates {14.80; 29.60; 44.40; 59.21; 74.01; 88.82; 103.62;

118.42 or 133.22} VO, VI and BK packets/s for the small

population scenario. Similarly, each ST station generates

{3.70; 7.40; 11.10; 14.80; 18.50; 22.20; 25.90; 29.60 or

33.31} VO, VI and BK packets/s for the large population

scenario.

5 Simulation Results

All the simulation results have been obtained with a

95% confidence interval with a half-width interval of 5%.

The performance metrics analyzed in this paper include:

average delay, average queue size and packet loss rate.

The average delay is the average delay required to transfer

a packet, measured from the start of its generation at the

application layer to the end of the packet transfer at the

receiving station. The average queue size represents the

average output buffer occupancy. The packet loss metric

represents the percentage of packets that are lost for each

traffic stream.

As a first step, a set of simulations was performed to

characterize the network behavior, when just RT stations

are transferring messages in the communication medium.

This set of results will be used for comparison purposes.

Then, a full set of simulations is made to analyze the ti-

ming behavior of the RT stations, when the communica-

tion medium is shared with a set of timing unconstrained

devices.

5.1 Simulation Results: RT Traffic

This set of results consider 10 to 40 RT stations gene-

rating RT packets (45 bytes for data payload) with fixed

message stream periods (MSP) of 2ms, 10ms or 20ms.

Therefore, it describes the network behavior when there

are no ST stations trying to transfer its own messages, i.e.,

it represents an unrealistic closed communication environ-

ment.

The results presented in Figures 3, 4 and 5 represent the

obtained values for average queue size, packet loss rate

and the average packet delay, respectively.
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Figure 3. Average queue size: undisturbed
scenario.

From such results, it is clear that the EDCA mecha-

nism is not able to provide a RT communication service

for more than 20 RT stations generating packets with MSP

of 10ms or 20ms. This conclusion derives from the fol-

lowing observations: on the one hand, the average queue

size is smaller than 1 packet, which is an indication that,

in average, all the deadlines for the RT traffic are accom-

plished (considering that, in the most usual case, the dead-

line of a message stream is equal to its generation period)

and; the average packet delay is smaller than the period of

the related message stream (10ms or 20ms). However, on

the other hand, the packet loss rate is larger than 10% for a

number of stations larger than 20. This means that the RT
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message streams will loose more than 10% of its deadlines

and, despite many RT applications being loss-tolerant, this

value cannot be well accepted by the majority of them.

Loss tolerance levels are different for different type of ap-

plications. As mentioned before, a video stream may be

specified to tolerate a maximum of 10% deadline loss rate,

only when the lost frames are “adequately” spaced.

Applying a similar reasoning, it can be also observed

that for RT message stream periods of 2ms, the EDCA

mechanism is not able to provide an acceptable RT service

when the number of RT stations exceed 10 stations. It can

be easily verified through the average queue size results

(Figure 3), where the average number of packets in the

queue is already approaching 1 packet even for a number

of RT stations as low as 10 stations. These values are

consistent with the average packet delay values (Figure

5), where for MSP = 2ms, the average packet delay is

already approaching the message stream deadline of 2ms.

Therefore, from the analysis of this subsection, we con-

clude that the relevant scenarios for the assessment of the

RT characteristics of the EDCA mechanism are restricted

to, at most, 10/20 RT stations generating packets with

MSP of 10ms or 20ms and; up to a maximum of 10 RT

stations generating packets with MSP of 2ms. Simulation

scenarios above these thresholds are no longer relevant, as

the EDCA mechanism is not able to support a RT commu-

nication service even in the case of a closed communica-

tion environment.

5.2 Simulation Results: ST-RT Traffics

In this subsection, we assess the behavior of both the

small and the large population scenarios, where ST sta-

tions are joined with RT stations, both transferring its own

messages in the same frequency band. For the sake of

simplicity, only the values for RT traffic are plotted in

the following figures, as the target of this study is to il-

lustrate the impact of the ST timing unconstrained traffic

upon the RT traffic, for each RT configuration (10 RT sta-

tions with a fixed MSP of 2ms; 10/20 RT stations with a

fixed MSP of 10ms or 20ms). Furthermore, Ni et al. [14]

have already demonstrated that the EDCA mechanism im-

proves the performance behavior for high priority traffic

by downgrading the service of the low-priority one. Thus,

it is not relevant to further discuss the timing behavior of

the ST traffic.

5.3 The impact of timing unconstrained ST traffic

upon the average queue size of RT stations

A first simulation analysis concerns the assessment of

the average queue size. Figure 6 shows the average queue

size for message stream periods of 2ms, considering the

case of 10 RT stations operating in both the small and

large population scenarios (10ST - 40ST).

When comparing the undisturbed scenario with the

case of 10 RT stations operating together with 10/40 ST

stations (MSP = 2ms), it becomes clear the impact that

the ST timing unconstrained traffic has upon the average

queue size of RT message streams. Figure 6 also illus-

trates the impact of the increasing number of stations con-

tending for the medium access, which shows a clear degra-

dation of the QoS for the large population scenarios. This

is a clear consequence of the effect of multiple collisions

occurring among the different contending stations.

Summing up, the EDCA mechanism is not able to pro-

vide RT communication service for MSPs of 2ms in open

communication environments, since the average queue

size of the RT stations is already larger than 1 packet

when the network load imposed by external stations is

only slightly above 10%.

Another important result, that is in contradiction with

a common belief when dealing with wireless communica-

tions, is that the major source of perturbation upon the RT

communication is caused by the increasing external net-

work load and not by the error-prone characteristics of the

wireless medium. It is interesting to note that the aver-

age queue size increases more than one order of magni-
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Figure 6. Average queue size (small and

large pop.): error-free vs. error-prone -
MSP = 2ms.

tude when the network load increases from 10% to 50%,

whereas the average queue size for an error-prone channel

is only slightly larger than the average queue size for an

error-free channel.

We discuss now the case of RT stations with MSP of

10ms. From Figure 7, it can be observed the impact of

the timing unconstrained ST traffic upon the average num-

ber of packets waiting to be transmitted from 20 RT sta-

tions. Whatever the external network load, the average

number of queued packets is always kept under 1 packet.

This indicates that the EDCA mechanism can be suitable

to support RT traffic, when the message stream periods

are of 10ms. Similar results were obtained for MSP of

20ms, and in the case of 10 RT stations sending messages

with MSP of 10ms or 20ms. Therefore, those results can

be generalized, stating that, in what concerns the average

queue size of RT messages, the EDCA mechanism can be

suitable to support RT traffic in disturbed communication

environments.

5.4 The impact of uncontrolled external traffic upon

the packet loss rate

A second simulation analysis concerns the assessment

of the percentage of packet loss when the communica-

tion medium is shared with timing unconstrained traffic.

Figures 8 and 9 show the packet loss results for message

stream periods of 10ms and 20ms, in both the small and

large population scenarios.

These Figures show that, for a number of RT stations

above 10, the impact of the timing unconstrained ST

traffic upon the packet loss rate of RT messages becomes

clearly undesirable. It is clear that the EDCA mechanism

is not able to provide any acceptable RT guarantee for

a number of RT stations above 10, as the percentage

of packet losses is above 10%, when the network load

imposed by external stations increases from just 10% to

30%.
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5.5 The impact of timing unconstrained ST traffic

upon the packet delay of RT stations

The average packet delay for transferring a RT packet

in small and large population scenarios is finally assessed.

We have been previously concluded through the average

queue size and packet loss rate analysis that the EDCA

mechanism is not able to provide a RT communication

service for more than 10 RT stations, even for MSPs of

10ms or 20ms. Therefore, the average packet delay will

be plotted only in the case of 10 RT stations with MSPs of

10ms and 20ms, which are represented in Figures 10 and

11, respectively.

From this set of simulations (Figures 10 and 11), it can

be concluded that the EDCA mechanism can be able to

support the RT traffic with MSPs of 10ms or 20ms gen-

erated by up to 10 RT stations. The upper bound for ex-
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Figure 9. Packet loss rate (small and large

pop.): error-free vs. error-prone - MSP =
20ms.
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Figure 10. Average delay (small and large

pop.): error-free vs. error-prone - MSP =
10ms.

ternal disturbances may be as high as 70% or 90% in the

case of message stream periods of 10ms or 20ms, res-

pectively. Additionally, and most interestingly, the effect

of the error-prone channel becomes more relevant when

the network load increases. However, when comparing

the percentage of packet loss in error-prone vs. error-free

channels, it can be observed that the difference is always

close to 5%. Conversely, this difference is much larger

when comparing the increase of the network load imposed

by external ST stations. This means that the effect of colli-

sion upon the timing behavior of the RT communication is

much more relevant than the effect of communication er-

rors. Remark the level of communication errors has been

set to a realistic value when dealing with wireless trans-

mission in industrial environments [13].

Finally, as mentioned in Section III, an important mea-

surement when dealing with support of RT communica-
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Figure 11. Average delay (small and large

pop.): error-free vs. error-prone - MSP =
20ms.
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Figure 12. Maximum delay (small and large
pop.) for Zmin = 95%: error-free vs. error-
prone - MSP = 10ms.

tion is the maximum transmission delay. Therefore, we

have also analyzed the maximum value of the packet de-

lay, when considering 95% of the successful message

transmissions (Figures 12 and 13). This value is relevant

in the case of loss tolerant applications, where up to 5% of

deadline misses can be encompassed. The previous simu-

lation analysis (average packet delays) are only indicative

of the average communication behavior, but may be valu-

able enough to provide an indication of the QoS that can

be supported by the EDCA mechanism.

Considering that the deadline of a message stream is

equal to its generation period, it can be concluded that

EDCA mechanism is able to support MSPs of 10ms −
20ms only if the network load imposed by external sta-

tions is kept under about 50%-65%, respectively. For net-

work load above these thresholds more than 5% of the

deadlines will not be accomplished, which is usually un-
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acceptable even for the typical loss-tolerant applications.

6 Summary and Future Directions

In this paper, we have analyzed the timing behavior of

the EDCA mechanism when supporting RT communica-

tion in an error-prone channel. In summary, we concluded

that the EDCA mechanism is not able to provide an ac-

ceptable QoS level for RT communication scenarios, un-

less the message stream periods are larger than 10ms and

the external network load is kept smaller than 50%.

An interesting conclusion is that such misbehavior is

mainly due to the influence of the external network load

imposed by non-RT stations instead of the error-prone

channel characteristics. This behavior can be confirmed

in all results, where we note that when the network load

imposed by external stations increases just from 10% to

50%, the EDCA analyzed metrics (average packet de-

lay, average queue size and packet loss) significantly in-

creases, while the difference between error-prone and

error-free channels only slightly increases.

Traditionally, when supporting RT communication in

CSMA wired networks, the timing behavior has been

guaranteed through the tight control of every communicat-

ing device. The coexistence of RT controlled stations with

non-RT stations has been made possible by constrain-

ing the traffic behavior of the latter. Unfortunately, this

approach cannot be enforced in wireless environments,

since any stations will share the access to the same ra-

dio channel. Therefore, it is not possible to impose any

traffic smoothing strategy upon stations that are out of the

sphere-of-control of the RT architecture.

Thus, we entirely agree with Bianchi et al. [9] that in

wireless architectures, the service differentiation mecha-

nism must be compulsory introduced as medium access

control (MAC) layer extension. Furthermore, we argue

that the performance analysis of the upcoming wireless

solutions must always consider the impact of external

traffic load upon the assessed communication scenarios.

Otherwise, the simulation results will become useless.

Several approaches and techniques have been deve-

loped to provide RT behavior to IEEE 802.11 wireless-

supported applications. However, few of those techniques

allow timing unconstrained devices to coexist with RT sta-

tions, i.e., the majority of the proposed solutions only of-

fer RT guarantees under the unrealistic assumption that is

possible to have a closed communication environment.

Relevant exceptions are those based on the black-burst

(BB) scheme [15]. This kind of solution consists in forc-

ing the collision resolution in favor of the RT stations.

The BB is a distributed MAC scheme applied to ad hoc

CSMA wireless networks. It requires the shut-down of the

random retransmission scheme. Real-time stations imple-

menting the BB scheme contend for the channel access

after a medium interframe spacing tmed, rather than after

a long interframe spacing used by standard stations imple-

menting CSMA protocols. Thus, RT stations have priority

over standard stations. When a RT station wants to trans-

mit, it sorts its access rights by jamming the channel with

energy pulses (BB’s) immediately after the channel be-

comes idle during tmed. The length of the BB transmitted

by a RT node is an increasing function of the contention

delay experienced by the node.

In [16], it is presented a similar scheme, where voice

nodes (RT stations) use energy-burst (EB) or black burst

(BB) periods to prioritize RT packets over data packets.

The access point (AP) can transmit its VoIP packets after

PIFS without backoff or contending. On the other hand,

each voice station has its own address (ID), referred as

VID. The VID can be assigned at the traffic stream (TS)

setup procedure provided in IEEE 802.11e. The station

with the highest VID wins the contention and the VID is

expressed as a binary value based on the fixed total bits

which are determined by the voice packet resolution pe-

riod (VPRP).

The main disadvantage of the BB scheme is that it com-

pels the modification of the MAC layer and possibly also

of parts of the PHY layer (e.g. radio ICs), which impairs

the use od COTS hardware.

In [17], we have proposed a new RT-communication

approach (VTP-CSMA) that is based on similar traffic

separation mechanisms. Such mechanisms are able to pri-

oritize RT-traffic over other traffic, without directly con-

trolling the latter. The proposed architecture is based on

a Virtual Token Passing procedure that circulates a virtual

token among a number of RT devices. This virtual token is

complemented by an underlying traffic separation mecha-

nism that prioritizes the RT traffic over the non-RT traffic.

Although VTP-CSMA mechanism also needs to modify

parts of the MAC layer, it could be easily implemented

in COTS hardware (e.g., FPGA) upon standard 802.11e

hardware.

For next generation communication environments, al-

lowing the coexistence of both RT and non-RT stations

Authorized licensed use limited to: UNIVERSIDADE DO PORTO. Downloaded on February 3, 2009 at 19:10 from IEEE Xplore.  Restrictions apply.



in the same communication domain is likely to become

a major requirement. Furthermore, solutions that enable

the prioritization of RT traffic only by controlling every

communicating device will be unacceptable.

Specifically in the case of wireless networks, the un-

derlying wireless communication protocol must be able

to guarantee the timing constraints of the RT traffic in a

communication environment shared with timing uncon-

strained devices. Therefore, the most promising solutions

to provide RT communication in IEEE 802.11 are those

that force the collision resolution in favor of the RT sta-

tions, compelling all the other contending stations to tem-

porally abandon the medium access.

More precisely, we consider that a 2-tier architecture

(Figure 14) is an adequate architecture to support RT com-

munication in wireless communication domains, provid-

ing that: (a) in the lower layer (MAC layer), a forcing col-

lision resolution (FCR) mechanism enforces a high prior-

ity level to RT stations; (b) in the upper layer, a coordina-

tion mechanism ensures collision-free access among the

set of RT stations. This coordination mechanism can be

based on a token passing scheme as proposed in [17] or

on a time division multiple access (TDMA) mechanism.

It must serialize the medium access of only RT stations,

as the FCR layer ensures that non-RT stations will al-

ways loose the medium contention when contending for

the medium access with a RT-station.

Figure 14. A 2-tier architecture to support
real-time communication in wireless net-
works.

This contrasts with the traditional RT communication

approaches that usually consider just the coordination

layer among the set of RT stations. It is our opinion that

one of the fundamental assumptions that must be consid-

ered when supporting RT communication is that the wire-

less physical medium is an open communication environ-

ment. Thus, state-of-the-art approaches that do not allow

the coexistence of both RT and non-RT stations will not

be able to handle next generation communication scenar-

ios. Therefore, whatever the RT communication solution,

it is mandatory to define a lower communication layer that

enables the separation of the RT and the non-RT traffic in

any shared communication environment.

7 Conclusion

We have studied the timing behavior of the EDCA

function when supporting RT traffic, similar to those usu-

ally found in industrial environments. The simulation

scenarios consider a set of RT stations operating in the

same frequency band together with a set of ST stations.

Basically, we have assessed the impact of timing uncon-

strained traffic (generated by ST stations) upon the behav-

ior of the highest access category (voice), when this access

category is used to transfer small sized packets in periodic

intervals. Moreover, both error-free and error-prone chan-

nels are considered. The simulation analysis shows that:

• Both increasing the number of stations and the net-

work load strongly influence the RT traffic, by means

of higher packet delays, higher percentage of packet

loss, higher average queue sizes;

• The packet loss rate for transferring RT packets (45

bytes) is highly influenced in an error-prone channel,

mainly for high rates of network load imposed by ex-

ternal (ST) stations;

The main conclusion of the simulated scenarios is that

default parameter values of the EDCA mechanism are just

able to guarantee industrial communication (timing) re-

quirements for a number of RT stations smaller than 10

stations with message stream periods above 10ms. There-

fore, new communication approaches must be devised in

order to use IEEE 802.11e networks in the factory floor,

where the RT traffic may be disturbed by timing uncon-

strained traffic from generic stations sharing the same

communication medium.
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