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ABSTRACT 
 

IEEE 802.11 [1] is the standard that has emerged as a prevailing 

technology for the wireless local area networks. It can be considered the 

wireless version of Ethernet, which supports best-effort service. IEEE is 

developing a new standard called 802.11e to be able to provide quality of 

service (QoS) in WLANs. Two possible methods have been proposed in [3] in 

order to improve the performance of service differentiation in the MAC layer. 

They are called PCWA (Practical Contention Window Adjustment) and AIPM 

(Adaptive Initiative Polling Machine). In this thesis, I will analyse both methods 

and propose new ideas to improve their performance, simulating the ideas 

concerning PCWA. Simulations show better general performance, especially for 

highest priorities flows, although the behaviour of the lowest priority one is 

reduced.  
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1.- INTRODUCTION 

 
Wireless computing is a rapidly emerging technology providing 

users with network connectivity without any necessity of wires. Wireless 

local area networks (WLANs), like their wired counterparts, are being 

developed to provide high bandwidth to users in a limited geographical 

area. WLANs are presented as an alternative to the high costs wired 

LANs, due to installation and maintenance mainly. Physical and 

environmental necessity is another important factor to take into account 

in favour of WLANs. 

Ideally, users of wireless networks would want the same services 

and capabilities that they have with wired networks. However, to meet 

these objectives, the wireless networks must overcome some difficulties 

that wired networks haven’t got. These difficulties are:  

1. Frequency allocation: all users must operate in a common 

frequency band. 

2. Interference and reliability: interference caused by more 

than two transmissions at the same time, which is called 

collision, and by multipath fading; reliability of the 

channel, typically measured by the bit error rate (BER). 

3. Security: since the transmission channel is open to 

everyone. 

4. Power Consumption: wireless devices are usually 

portable, so they must be designed to be very energy-

efficient, since they can’t usually use the power provided in 

a building.  

5. Human Safety: networks have to be designed to provide 

low power so that they don’t cause human illness.  
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6. Mobility: system designs must accommodate handoff 

between transmission boundaries and route traffic to mobile 

users. 

7. Throughput: The capacity of WLANs should ideally 

approach that of their wired counterparts. However, due to 

physical limitations and limited available bandwidth, 

WLANs doesn’t get the same data rates. 

Nowadays, there are two emerging WLAN standards: the 

European Telecommunications Standards Institute (ETSI) High-

Performance European Radio LAN (HIPERLAN) and the IEEE 802.11 

WLAN. The first one won’t be dealt with in this thesis. The second one is 

the most popular currently, and there are four specifications: 

1. 802.11: provides 1 or 2 Mbps transmission in the 2.4 GHz 

band using either frequency hopping spread spectrum 

(FHSS) or direct sequence spread spectrum (DSSS). 

2. 802.11a: an extension to 802.11 that provides up to 54 

Mbps in the 5GHz band. 802.11a uses an orthogonal 

frequency division multiplexing (OFDM) encoding scheme 

instead of FHSS or DSSS. 

3. 802.11b (also referred to as 802.11 High Rate or Wi-Fi): an 

extension to 802.11 that applies to wireless LANs and 

provides 11 Mbps transmission (with a fallback to 5.5, 2 

and 1 Mbps) in the 2.4 GHz band. 802.11b uses only DSSS. 

802.11b provides performance similar to Ethernet. 

4. 802.11g: over relatively short distances, it provides 54 

Mbps in the 2.4 GHz band. The 802.11g also uses the 

OFDM encoding scheme. 

IEEE is developing a new standard called 802.11e to be able to 

provide quality of service (QoS) in WLANs. This standard can provide 
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quality of service both the Differential Service (every station compete for 

the channel according to different priorities of stations) and the Integrated 

Service (guarantees quality of service) to every wireless station. 

In my thesis, I will explain the 802.11 standard and the 

supplement draft for MAC layer called 802.11e in section 2. Next, I will 

comment some research proposed in other articles about QoS in 802.11 in 

section 3. In section 4, I will summarize the proposals presented by my 

colleague Xin Wei in [3]. In section 5, I will describe my ideas to 

improve the previous proposals, and simulate my ideas for one of the 

proposals in section 6. Finally, I will summarize my work in section 7. 
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2.- QoS IN IEEE 802.11 

2.1.- Introduction 

IEEE 802.11 [1] is the standard which has emerged as a prevailing 

technology for the wireless local area networks. It can be considered the 

wireless version of Ethernet, which supports best-effort service. IEEE 

802.11 WLANs (Wireless Local Area Networks) can be configured into 

two different modes: 

• Ad hoc mode: the stations communicate directly with each other. 

• Infrastructure mode: an Access Point (AP) is used to connect all 

stations to a Distribution System (DS), and each station can 

communicate with others through the AP. 

Access Point is also called Base Station. A Basic Service Set (BSS) is 

composed of a base station and several stations. Several BSSs can be 

interconnected through the APs making an Extended Service Set (ESS). 

Also, any LAN can be interconnected to any BSS (through a portal), 

making also an ESS. Distribution System (DS) is the architectural 

component used to interconnect BSSs. 

 
Figure 1: 802.11 Components [1] 
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This standard doesn’t support Quality of Service (Qos) requirements, 

which is necessary for the support of audio, video, real-time voice over IP 

and other multimedia applications. Accordingly, IEEE 802.11 working 

group is now working on a new standard called 802.11e [2], which 

enhances the existing 802.11 MAC standard in order to support QoS. 

 

2.2.- IEEE 802.11 MAC standard 

The basic 802.11 MAC protocol [1] defines two transmission modes 

for the data packets: the Distributed Coordination Function (DCF), based 

on CSMA/CA (Carrier Sense Multiple Access/ Collision Avoidance), and 

the optional Point Coordination Function (PCF), where the AP controls 

all the transmissions based on a centralised polling scheme.  

The 802.11 MAC works with a single first-in-first-out (FIFO) 

transmission queue. 

To limit the probability of long frames colliding and being 

transmitted more than once, data frames may be fragmented if they aren’t 

part of multicast or broadcast traffic. 

2.2.1.- Distributed Coordination Function 

DCF is the basic medium access mechanism for both ad hoc and 

infrastructure mode. It is based on the Carrier Sense Multiple Access with 

Collision Avoidance (CSMA/CA). In CSMA/CA, once a station detects 

that there is no other transmission on the wireless medium for a minimum 

duration called DCF Interframe Space (DIFS, which is 50 µs for 

802.11b), it begins to decrement its back-off counter each time the 

medium is detected to be idle for an interval of one slot time (20 µs in 

802.11b). If the backoff counter expires and the medium is still free, the 

station begins to transmit MAC Service Data Units (MSDUs) of arbitrary 
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lengths. For each successful reception of a frame, the receiving station 

immediately acknowledges the frame reception by sending an 

acknowledgement frame (ACK) after a Short Interframe Space (SIFS, 

which is 10 µs for 802.11b), which is shorter than DIFS (SIFS + 2 slot 

time) so that the ACK frame transmission is protected from other 

stations’ contention. If an ACK frame is not received after the data 

transmission, the frame is retransmitted after another random backoff and 

another contention process. After each successful transmission, another 

random backoff procedure is performed by the transmission station, even 

if there is no pending MSDU to be delivered. This is called “post-

backoff”, as this backoff is done after, not before, a transmission. This 

post-backoff ensures there is at least one backoff interval between two 

consecutive MSDU transmissions.   

 

        
  Figure 2: Basic Access Method [1] 
 

The initial value of the back-off counter will be chosen from a 

uniform distribution over the interval [0,CW], where CW is the 

Contention Window. CW is an integer within the range of the PHY 

characteristics CWmin and CWmax (31 and 1023 for 802.11b, 

respectively). The initial value of CW will be CWmin, and after each 

unsuccessful transmission (the transmitted data frame has not been 

acknowledged), it will be ascending integer powers of 2, minus 1, up to 

CWmax. Then, the CW value will be again CWmin for the next frame. If 

  8



the channel becomes busy during a backoff process, the backoff is 

suspended. The backoff process will resume with the suspended backoff 

value when the channel becomes idle again for a DIFS interval.   

 
    Figure 3: An example of exponential increase of CW [1] 

 

An MSDU arriving at the station from the higher layer will be 

transmitted immediately without waiting any time if the last post-backoff 

has already been completed (the queue was empty), and additionally, the 

channel has been idle for a minimum duration of DIFS. 

An additional optional RTS/CTS (Request To Send/Clear To Send) 

mechanism is defined to solve the hidden terminal problem inherent in 

Wireless LAN. Before transmitting data frames, a station transmit a short 

RTS frame, followed by the CTS transmission by the receiving station. 

The RTS and CTS frames include the information of how long it takes to 

transmit the next data frame. Thus, other stations close to the transmitting 

station and hidden stations close to the receiving station will not start any 

transmissions, since they set their Network Allocation Vector (NAV). 

Between two consecutive frames in the sequence of RTS, CTS, data, and 

ACK frames, a SIFS gives transceivers time to turn around. Use of 
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RTS/CTS is much helpful when the data actual size is large compared to 

size of RTS/CTS. Otherwise, the overhead caused would compromise the 

overall performance. Broadcast and multicast traffic can’t use the 

RTS/CTS mechanism. 

        Figure 4: RTS/CTS/data/ACK and NAV setting [1] 
 

When data frames are fragmented, each fragment must be 

acknowledged, and next frame is sent after a SIFS interval after the ACK 

frame. 

       Figure 5: Transmission of a multiple-fragment [1] 

2.2.2.- Point Coordination Function 

This optional function was defined in order to support time-bounded 

services and let stations have priority access to the wireless medium, 

coordinated by a station called Point Coordinator (PC), which is usually 
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in the AP, so PCF is only usable on the infrastructure configuration. The 

PCF traffic will have higher priority than STAs in overlapping BSSs 

operating under the DCF access method, because it may start 

transmissions after a shorter duration than DIFS called PCF Interframe 

Space (PIFS = SIFS + 1 slot time) (See Figure 2). In this way, the PCF 

creates a free-contention period. 

The PCF and DCF modes are time multiplexed in a superframe, which 

is formed by a PCF Contention-Free Period (CFP) followed by a DCF 

Contention Period (CP). The PCF is used during the CFP while the DCF 

is used during the CP. A superframe starts when the AP transmits a so-

called beacon frame (there are several beacons frames in a superframe) in 

order to deliver management information to the stations. Stations can use 

this information in order to associate with the AP, which is performed 

during the CP and is compulsory if the station use the PCF mode. This 

beacon frame is transmitted periodically, thus every station knows when 

the next beacon frame will arrive; this time is called Target Beacon 

Transition Time (TBTT) and is announced in every beacon frame, which 

is required in pure DCF even if there is only contending traffic. Stations 

will set and update their NAVs at TBTT in every beacon frame during the 

CFP.  

       Figure 6: CFP/CP alternation [1] 
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Stations are polled by the PC in a Round Robin fashion, so there is no 

contention between stations since a station can transmit only if it gets 

polled. Upon being polled (the PC can piggyback the CF-Poll frame in a 

data frame and if it was necessary, it may also piggyback an ACK frame), 

the polled station acknowledges the successful reception after a SIFS 

period and may transmit only one MPDU (the polled station may also 

piggyback the ACK in the data frame), which can be to any destination 

(not just the PC). If the PC doesn’t receive any response from the polled 

station after waiting for PIFS, it polls the next station, or ends the CFP 

using a control frame called CF-End. 

The minimum CFP duration must be sufficient for the AP to send one 

data frame to a station, while polling that station, and for the polled 

station to respond with one data frame. The maximum CFP duration must 

let send at least one data frame during the CFP. CFP will end when the 

CFP duration has elapsed since the beacon frame originating the CFP or 

when the PC sends a CF-end frame. 

        Figure 7: Example of PCF frame transfer [1] 
 

RTS/CTS mechanism is not allowed during the CFP.  
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When data frames are fragmented, the fragments are sent as individual 

frames. 

There are some problems with the PCF, among many others, the 

unpredictable beacon delays, the unknown transmission durations of the 

polled stations and when there is a hidden station that misses the beacon 

frames. 

 

2.3.- IEEE 802.11e MAC draft standard 

This draft standard [2] adds a new medium access mechanism called 

HCF (Hybrid Coordination Function), which concurrently exists with 

basic DCF/PCF. Stations that operate under 802.11e, are called QoS 

stations (QSTAs), and an enhanced station, which may optionally work as 

the centralised controller for all other stations within the same QBSS, is 

called the Hybrid Coordinator (HC). A QBSS is a BSS which includes a 

HC and several QSTAS. The HCF uses a contention-based channel 

access method, called the enhanced DCF (EDCF), which operates at 

QSTAs, concurrently with a polled channel access mechanism, which 

operates at the QAP (QoS AP) using the HC. 

2.3.1.- HCF contention-based channel access (EDCF) 

EDCF provides differentiated and distributed access to the wireless 

medium with the introduction of traffic categories (TCs) for the stations. 

The various streams are classified into TCs. Each station must be able to 

provide between 4 and 8 TCs, with their independent transmission 

queues. Each TC within the stations contends for a TXOP and 

independently starts a backoff procedure after detecting the channel for 

an Arbitration Interframe Space (AIFS); the AIFS is at least DIFS, and 

can be chosen individually for each TC. Each backoff sets a counter to a 
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random number from the interval [1,CW+1]. CWmin and CWmax are 

other parameters dependent on the TC.  
 AIFS[j] 

AIFS[i] 

DIFS/AIFS
Contention Window 

Slot time 

Busy Medium 

Defer Access 

Next Frame 

Select Slot and Decrement Backoff as long  

SIFS

PIFSDIFS/AIFS 

Immediate access when  

Medium is free >= DIFS/AIFS[i] 

as medium is idle 

Backoff-Window

 

Figure 49 - Some IFS Relationships [2] 
 

As in DCF, when the medium is busy before the counter reaches zero, 

the backoff has to wait for the medium being idle for AIFS again. A big 

difference from DCF is that when the medium is idle again for AIFS, the 

backoff counter is reduced by one beginning the last slot interval of the 

AIFS period.  

After any unsuccessful transmission, a new CW is calculated using the 

persistence factor (PF), which is also dependent of the TC. PF determines 

the degree of increase of the CW when collisions occur. This new CW is 

calculated using the next inequality: 

CWnew[TC] >= ((CWold[TC]+1) * PF) – 1 

When the backoff timer of a TC counts down to zero, the terminal 

initiates a transmission opportunity (TXOP), which is a bounded-duration 

time interval in which the station may transmit a sequence of SIFS-

separated data frame exchanges. The TXOP ends when there is no other 

data frame to be transmitted or the TXOP maximum duration expires. 

This maximum duration of the TXOP is given by a QBSS TXOP limit 

distributed in beacon frames or in association response frames, all of 

them distributed by the HC. If the counter of two or more TCs inside a 

  14



single station reach zero at the same time, a scheduler inside the station 

avoids the virtual collision granting the TXOP to the TC with highest 

priority, while the other(s) colliding queue(s) behave as if there were an 

external collision on the medium. 

In conclusion, the prioritized access is realized with the QoS 

parameters per TC (AIFS, CWmin and PF; CWmax is optional). 

2.3.2.- HCF polled channel access 

HCF polling mechanism is similar to the PCF, but it allows the HC to 

start contention-free Controlled Access Periods (CAPs) at any time 

during a CP to transfer QoS data. These CAPs are provided by QoS CF-

Poll sent by the HC, after the medium remains idle for a PIFS interval. 

During the CFP, the behaviour is the same as PCF, but two differences: 

the use of RTS/CTS mechanism is allowed; the frames are called with 

QoS prior the legacy name (QoS data, QoS CF-Poll, QoS CF-ACK+CF-

Poll…). During the CFP, the starting time and the maximum duration of 

each TXOP is specified by the HC, again using the QoS CF-Poll frames. 

The HC requires information that has to be updated from polled 

stations so that the HC knows which station needs to be polled. The HCF 

controlled contention mechanism allows stations to request the allocation 

of polled TXOPs by sending short resource requests (RRs) without 

having to contend with (E)DCF traffic. Each instance of controlled 

contention occurs during a controlled contention interval (CCI) which 

begins a PIFS interval after the end of a specific control frame (CC 

frame) sent solely by the HC during both the CP and CFP. This control 

frame forces legacy stations to set their NAV until the end of the CCI. 

The control frame defines a number of controlled contention 

opportunities (short intervals separated by SIFS) and a filtering mask 

containing the TCs in which RRs may be placed. Each station with 
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queued traffic for a TC matching the filtering mask chooses one 

opportunity interval and transmits a RR frame containing the requested 

TC and TXOP duration, or the queue size of the requested TC. For fast 

collision resolution, the HC acknowledges the RR frame a feedback field 

in the next control frame with or by generating a control frame with a 

CCI length of zero, so that the requesting stations can detect collisions 

during controlled contention. 

There is another new mechanism called the Burst Acknowledgement 

mechanism which allows a burst of QoS MPDUs to be transmitted 

separated by a SIFS period. This mechanism gives the recipient time to 

perform any necessary FEC decoding, and can be extended by the 

recipient if necessary. The MPDUs within this exchange usually fit 

within a single TXOP and are all separated by a SIFS. The burst can be 

started by winning EDCF contention or by a polled TXOP.   

 

 

 

 

 

 

 

 

 

 

 

 

 

  16



3.- RELATED WORK 

 
 Quality of Service in wireless LANs is nowadays a really 

important factor to be improved. Consequently, much research has been 

done until now trying to improve the performance of 802.11e. For that, I 

will mention some interesting articles about it next. HCF contention-

based channel access will be called only EDCF and HCF polled channel 

access will be called solely HCF, but making it clear that EDCF is not a 

separate function; on the contrary, it is part of a single coordination 

function called HCF 

 

3.1.- Previous work 

 Trying to improve DCF performance, some investigations have 

been done. In [8], the effects of varying CWmin on average back-off, 

loss, throughput and channel behaviour of the network have been studied. 

A new protocol called Early Backoff Announcement (EBA) is proposed 

in [9], being compatible with DCF. Every station announces its future 

backoff using the header of its frame which is being transmitted. All the 

stations which receive the information are able to avoid collisions by 

excluding the backoff selected by other station when selecting their future 

backoff. EBA achieves an important increase in the throughput 

performance as well as higher degree of fairness compared to DCF. 

A lot of articles have analysed the quality of Service provided by 

802.11e, like in [10]-[12]. In these articles, HCF and EDCF evaluation 

has been done.  

However, since EDCF is a function with worse performance than 

HCF, it has been dealt with more extensively. Some studies have been 

made in order to evaluate only EDCF performance, as in [13] and [14]. In 
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[15] and [16], an optional feature of EDCF is especially considered, 

which allows multiple MAC frame transmissions during a single TXOP. 

 Other alternatives have been made to improve EDCF performance 

in wireless networks. In [17], a new approach called AEDCF for Ad-Hoc 

Networks, aims to share the transmission channel efficiently, adjusting 

the size of the Contention Window of each traffic class taking into 

account the estimated collision rate and the priority in each station. 

Comparing to EDCF, this algorithm aims to avoid collisions above all, 

when the system is highly loaded, outperforming EDCF especially in this 

kind of situations. In [18], is studied how various parameters of 802.11 

protocol can be modified to provide service differentiation. From this 

study, it is concluded that CWmin is the best value to aim this 

differentiation, and is proposed other procedure for adjusting this value 

based on throughput measurements, in order to achieve high network 

utilization. In [19], is proposed a descentralized control mechanism to 

eliminate delay fluctuation in wireless networks, which is needed for real-

time traffic. It is based on reducing the contention window of a flow if a 

packet has been waiting for a long time. Simulations show that small 

delay and small fluctuation is achieved, but reducing the EDCF 

throughput. In [20], is proposed a priority-based fair medium access 

control (P-MAC) protocol, in order to maximize the wireless channel 

utilization according to the weighted fairness among multiple data traffic 

flows. Again, CWmin values are selected according to relative weights 

among traffic flows and reflecting the number of stations contending for 

the wireless channel, in order to maximize the throughput. Simulations 

show the effectiveness of the protocol.   

There is a distributed admission control procedure included in 

versions after 2.0, which I haven’t been allowed to get. This algorithm 

manages to protect the high priority data flows. However, it is 
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complicated for implementation, and it is not applicable in ad hoc mode 

due to the involvement of AP in this algorithm. Consequently, some 

research has been made on this topic. In [21], depending on the amount of 

the existing traffic load, the admission controller decides whether to 

allow a data flow to have access to the medium. The traffic load can be 

measured according to the relative occupied bandwidth or the average 

collision rate. Simulations show that this protocol works well. In the same 

way, another admission control algorithm is proposed in [22] in order to 

enable EDCF to provide bandwidth guarantees rather than a relative 

prioritized service. This algorithm estimates the throughput that flows 

would achieve if a new flow with certain characteristics was admitted 

dealing with the CWmin and TXOP duration values, indicating which 

values should be used. The algorithm manages to preserve the QoS of 

flows which have already been admitted. 

As regards HCF, a new scheduling algorithm for HCF called 

FHCF is proposed in [23]. Since HCF scheduling algorithm is only 

efficient for flows with strict Constant Bit Rate (CBR) characteristics, 

FHCF aims to be fair for both CBR and VBR (Variable Bit Rate) flows, 

using queue length estimations to tune its time allocation to stations. 

Simulations show good fairness while supporting bandwidth and delay 

requirements for a large range of network loads. In [24], real-time 

(prioritized) traffic and non-real time (best-effort) traffic are separated, 

allocating resources during two different periods called Contention Free 

Period and Contention Period respectively. Besides, requests for future 

allocations can be piggybacked in the packets, avoiding a separate 

controlled contention phase. Comparing to 802.11e protocol, the 

performance is much better. 
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3.2.- Conclusions 

 From the analysis of previous work, some conclusions can be 

drawn, which I will show next.  

3.2.1.- EDCF 

EDCF achieves statistical priority by means of the QoS 

parameters per TC, which include AIFS[TC], CWmin[TC] and PF[TC] 

(CWmax[TC] is optional). EDCF can provide differentiated channel 

access among different priority traffic, but it does not guarantee that low 

priority frames will always wait until all higher priority frames are 

transmitted, which means that starvation doesn’t happen. However, no 

guarantees of service are provided, since at high loads, there are a high 

number of collisions even for flows with high priority, which means no 

guarantees to the real-time traffic. The performance obtained is not 

optimal since EDCF parameters aren’t adapted to the network conditions. 

EDCF presents throughput asymmetry, since the downlink traffic 

sent by the AP must compete in equal conditions with all the QSTAs that 

want to transmit in the uplink direction. 

Moreover, it cannot achieve small delay fluctuation because of 

the burst feature of its backoff mechanism, since a flow which has 

transmitted a frame successfully retains small contention window and 

transmits several frames during a short term, while another flow which 

has large contention window transmits no frame. 

However, EDCF is attractive because of its simplicity and 

decentralized nature. 

3.2.2.- HCF 

HCF has a higher overall channel utilization than EDCF because 

of its reduced contention overhead. HCF can provide better QoS support 

for high priority streams while allocating reasonable bandwidth to lower 
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priority streams. It guarantees time-bounded traffic, but requires all 

stations within the range of the HC to follow its coordination, since HCF 

is a centralized function, which makes for a less robust protocol. 

The controlled contention mechanism used by the HCF for 

updating service information for each station at the HC is a passive 

process where a change in allocation requirement cannot be transmitted 

immediately. 

There is a per-station priority model: during the controlled 

contention, each station, and not each flow, gets an opportunity to send 

out a resource request frame. Thus all flows from a station must have the 

same priority level, which isn’t necessarily true in real applications. 

Furthermore, the HC, which has a single priority, can transmit the ACKs 

back to the stations only at a fixed rate, which is independent of the 

priority of the flows. Thus, the downlink flows from the HC to the 

stations should have different priorities based on their requirements. 

 Moreover, when more than one QBSS operate in an overlapping 

scenario at the same time, even polled data frames of highest priority 

suffer from an unpredictable delay and throughput degradation. 
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4.- ANALYSIS OF PREVIOUS PROPOSALS 

 

In this section I will examine the two methods proposed in [3], 

which deal with improving the overall performance of the 802.11 

protocol and the QoS performance of the 802.11e. The first one is called 

Practical Contention Window Adjustment (PCWA), and the second one, 

Adaptive Initiative Polling Machine (AIPM). 

 

4.1.- PCWA 

 In this protocol, the author proposes to change the contention 

window of every station according to the number of idle slots in the 

wireless medium. All the stations will have the same contention window, 

and if the number of idle slots is bigger than a certain threshold, then the 

contention window of all the stations will decrease in order to achieve a 

number of idle slots more similar to the threshold, and vice versa, if the 

number of idle slots is fewer than a certain threshold, then the contention 

window will increase. 

 This threshold is obtained based on some previous mathematical 

analysis [4][5][6]. Let “p” be the transmission probability of a station in a 

random slot, and “n” the number of transmitting stations: 

 [ ] ( )
( )
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=      

 If all the stations have the same contention window, and this 

window is optimal, then  
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being “T” the collision time. As it can be seen, “p” depends on “T”, 

which is a fixed number defined by the protocol and the physical 

transmission rate, and on “n”, which can be gotten by observing the 

packets in the channel or can be provided by the base station. Setting “q” 

to be the probability that all stations in the system don’t transmit in a 

certain slot, that is  and supposing ( np1q −= ) ∞→n , we can get a 

constant value in the average number of idle slots. Therefore, supposing 

802.11a standard: 

  
[ ] 1.4863idleE

[3]                0.5978eq
slots  time7.5556T

0.5145-

≈
==

≈

 Consequently, the window of the stations can be modified 

according to this constant threshold of the average number of idle slots. 

In the case that the transmission probability of each station isn’t the same 

in every moment, the estimation is not accurate. If the number of stations 

is not big, the difference between the constant value and the non-

approximated value is small. 

 There is a problem in the protocol. Every station must “see” all 

the other stations in order to know the number of transmitting stations, 

unless the base station knows it. If not, the method won’t work properly. 

There is a solution proposed in [3], which is based on the collision 

probability. Doing approximations, the collision probability “C” can be 

expressed as: 

 [3]                  
n

0.2069C =  

and then, the contention window can be modified according to the 

collision probability, increasing the contention window if “C” is bigger 

than the approximated threshold and vice versa. 
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 The proposed use of this method in QoS WLANs is to find the 

optimal contention window size for the highest priority. Next priority will 

have a bigger contention window to reduce the transmission probability. 

But in [3], the distance between CW(0) (the highest priority contention 

window) and CW(i) has not been studied carefully. The author chooses a 

fixed distance between the different priorities, which the author himself 

recognizes that it can’t be proper enough and more studies must be done. 

 

4.2.- AIPM 

 AIPM is a new protocol proposed in [3] which deals with 

applying HCF to the Differentiated Service, and not only to the Integrated 

Service as 802.11e proposes. It consists of an intelligent scheduler located 

at the base station which predicts the creation time of all the frames in the 

wireless medium. Based on this scheduler, the base station sends polling 

frames to stations, allocating transmissions opportunity (TXOPs), so that 

stations can be allowed to transmit the packets.  

Base station controls everything, and it takes control of the 

channel after a PIFS interval. Consequently, information collection must 

be done continuously at the base station, recording information of each 

flow, so that the base station can predict the traffic. This is done using the 

DATA frames from the stations to the base station instead of any 

dedicated frames, reducing overhead in this way. The DATA frame’s 

header will contain information about: 

• Priority of the packet. 

• Creation time of the DATA frame. 

• Inter-frame interval of the flow. 

• Queue length of the flow. 

• Packet length of first packet in the queue. 
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EDCF access methods are used, so a wireless station can send 

packets whenever it gets control of the channel by contending after a 

DIFS period. In this way, if a packet is generated and the station is not 

polled, it can transmit the packet using EDCF, ensuring the smallest delay 

of the packet. 

 Once a packet flow is created, it will be registered in a scheduling 

table at the base station (the base station could refuse to register a new 

flow to prevent low performance in the channel), and there will be an un-

registration/ time-out at the end of the packet flow. There won’t be any 

specific frames for it. When a new flow takes control of the channel by 

contending, base station will decide whether to make the registration. Un-

registration will be done when the base station polls a wireless station and 

it hasn’t got any frame of the specific priority to transmit. 

Frame exchange sequences, when a station has nothing to transmit 

and something to send, are respectively: 

• PIFS-> Poll (base station)-> SIFS -> NULL (station). 

• PIFS-> Poll (base station)-> SIFS -> DATA (station)-> 

        SIFS -> ACK (base station) -> 

        SIFS -> DATA (station) -> 

        SIFS -> ACK (base station) -> 

        … 

 and when the base station wants to send data to a station: 

RTS (base station)->CTS (station)->DATA (base station)->ACK 

(station) 

NAV techniques are used, ensuring that only those stations of 

other BSS being within the signal range of a station may interfere with it, 

causing a collision. 

Based on packet length, queue length and the time interval 

between successive polling points, the base station can decide how many 
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frames a station can transmit during a TXOP. AIPM also uses frame 

burst, letting any station send more than one frame during one frame 

exchange sequence. 

The scheduling table will consist of several items, one for each 

packet flow, each of them with the following elements: 

• Node identifier. 

• Inter-frame interval. 

• Maximum Packet Length. 

• Next Packet Length. 

• Polling Point. 

Polling points will be calculated according to the creation time of 

the packet and the inter-frame interval of the flow. Scheduling algorithm 

tries to find the closest proper position to the creation time point. Packet 

flows with high priorities can replace time slots of other packet flows 

with lower priorities if there isn’t more free time left.  

This algorithm works properly with constant bit rate (CBR) flows 

and ON/OFF CBR flows, but not with VBR flows, such as Poisson 

distribution VBR flows, since the algorithm can’t predict the generation 

of new frames properly due to the variation of the inter-frame interval 

between packets. Consequently, variable traffic will be transmitted using 

EDCF. For that, it will be reserved some time for the variable traffic 

when the channel is quite loaded. Otherwise, variable flows might not be 

able to take the channel contending with other flows. 
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5.- IMPROVEMENT OF PREVIOUS PROPOSALS 

5.1.- PCWA 

Next, I will propose two new methods for adjusting the distance 

between the contention window of each priority. The first idea is based 

on adjusting the contention window of each priority according to, as well 

as the priority, the number of stations of each priority and a factor 

depending on the priority of the stations. Since all these parameters are 

related to the priority of each station, I will call it priority method. The 

second one is based on the results of some simulations, which gets better 

performance, but it doesn’t cover all the situations. I will call it 

simulation method. 

5.1.1.- First method: priority method 

 It looks quite clear that a fixed distance between different 

priorities can’t be the best solution. Let us consider a situation in which 

the number of stations of each priority is changing along the time. We can 

imagine that the behaviour of the wireless network can’t be the same if 

there are a big number of stations with the highest priority and few 

stations with the minimum priority, than if the case is the opposite, that is, 

few highest priority stations and many minimum priority ones. 

 In such a case, it looks really logical having in mind how many 

stations of each priority there are in the medium, so that we can adjust the 

contention window of each priority to try to get the best performance in 

the wireless network. It is easy for the stations to get the number of 

stations with the same priority, only by looking at the packets through the 

channel, or being provided by the base station. 

 Therefore, we could increase the contention window of 

certain priority according to the number of stations of this priority. 
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Consequently, the transmission probability of a certain priority will go 

down as the number of stations of this priority is bigger. Therefore, the 

relative increase of the contention window of a certain priority, when 

there is a bigger number of flows of this certain priority than the others, 

tries to harm the flows with bigger number of flows. On the contrary, in 

PCWA, all the flows are equally harmed. But, we should avoid increasing 

too much the window of a group of stations with a certain priority 

because we can then reach the transmission probability of the next group 

of stations with less priority, and this is not desired. In this way, we could 

adjust the contention window of each priority according to the following 

expression: 

 ∑=⋅






 +=
i

i
i

i m n      with  window
n

m1ΦCW(i)   

where “mi” is the number of stations of each priority “i”, “window” is, at 

the first time, the contention window of the highest priority (it will be 

explained in more detail in the simulation section), and “φi“ the fixed 

element in order to achieve different priorities. This element must fulfill 

the expression: 

 i                   Φ2Φ 1ii ∀< +   

so that the transmission probability of every priority doesn’t reach next 

priority.  

 But if we carefully examine the previous expression, we can 

realize that when the number of stations of a high priority is much bigger 

than the others, the distance between the rest of priorities is not so long as 

it should be. On the contrary, if the number of stations of a low priority is 

much bigger than the others, the increase of the contention window of 

that priority will be suitable, since it is a low priority, and the purpose is 

to help high priorities when the wireless medium gets more and more 
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busy. Consequently, I will add a new factor ρi, in such a way that the high 

priorities aren’t so harmed when there are much more than low ones, 

fulfilling: 

  1ii ρρ +<

 In this way, the final expression for adjusting each priority 

contention window is: 
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5.1.2.- Second method: simulation method 

 Since we are dealing with very complex material, it is really 

difficult to try to find out some theoretical method that adapts perfectly to 

the best possible performance. For that, in this method, I have tried to 

include the simulation help for trying to find out a method that gets closer 

to the best possible performance. 

 First of all, I simulated different scenarios using the “HCF/EDCF 

NS2 Stanford Implementation”[25], which I will describe later in the 

simulation section. I tried with three types of traffic (audio, video and ftp) 

with the same characteristics than in [3], which I will also detail later. I 

modified the relation between the number of  stations of each priority, 

and I tried to find the best distance between the contention windows in 

order to achieve the best performance. 

But, which is the proper criterion to get the best performance? 

Sometimes, you can get better throughput in some priority but worse 

throughput in other. That is, it is impossible to get the best in everything. 

For that, I have chosen the criterion of improving the performance of 

EDCF always when it is possible, and if it is not possible, trying to 
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improve the highest priorities although the lowest priorities performance 

goes down sharply. I have attached more importance to the delay of the 

audio than its throughput, and on the contrary, I have attached more 

importance to the throughput of the video than its delay, but of course, 

having in mind both of them. I have done this since in the audio 

applications the most important parameter is the delay, since it must be 

quite small, and however, the throughput is not so important. On the other 

hand, with the video happens the contrary, but the delay is also important, 

although not so much as the throughput, since the video applications need 

support high throughput flows. Consequently, I got the table: 

 

AUDIO VIDEO FTP φ1, φ2 

5 1-5 5 1,3 

5 6 5 3,5 

5 7-8 5 4,9 

5 9 5 4,11 

5 10 5 4,60 

5 11-12 5 7,200 

5 13-14 5 8,200 

5 15 5 10,200 

10 5 1-6 1,1 

10 5 7 1,2 

10 5 8-12 1,3 

10 5 13 1,6 

10 5 14-22 3,6 

10 5 23-28 3,7 

10 5 29-50 3,8 

1 5 10 1,2 
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2-10 5 10 1,3 

11 5 10 7,7 

12 5 10 7,9 

13 5 10 7,10 

14-29 5 10 7,130 

30-35 5 10 7,200 

 

 I have varied the number of stations until I obtained more or less 

the same delay with the EDCF protocol, that is, I have varied the number 

of audio stations until I got the similar performance as 50 ftp stations, and 

the same with the video stations. In the table, it can be seen that 200 is the 

highest multiplier that I have selected. I have chosen this number for 

nothing particularly, but it is clear that if we increase this multiplier, the 

video and audio performance will be better, and in these cases, the 

performance of the delay of video and ftp flows is better with EDCF 

protocol, but not the throughput of the video flow. The multipliers Φ1 and 

Φ2 can also be seen in the table, which are, respectively, Φvideo and Φftp. 

Of course, Φ0 is always one, being Φ0 the multiplier of the audio priority, 

since: 

 i             CW(0)ΦCW(i) i ∀⋅=  

 As can be seen, the results that are shown in the table don’t let us 

conclude too many things. It is clear that the ideal Φ parameters are very 

sensitive when the number of video stations varies, and a bit less when 

the number of audio stations varies, especially when the numbers are 

high. The variation of the ftp flows hardly affects these parameters.  

 Due to the dependence of the number of the audio and specially, 

video flows, I have tried to establish a method based on a marks system. I 

have allocated 3 points to each video station and 1 point for each audio 
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station. Ftp flows don’t have any points. Establishing this marks system, 

we can deduce when the video station are variable that: 

• From 8 to 20 points:  Φ1 = 1 and Φ2=3. 

• From 23 to 32 points: Φ1 = 4 and Φ2=10. 

• From 35 to 50 points: Φ1 = 7 and Φ2=200. 

and when the number of audio flows is variable, then: 

• From 15 to 25 points:  Φ1 = 1 and Φ2=3. 

• From 25 to 28 points: Φ1 = 7 and Φ2=10. 

• From 29 to 50 points: Φ1 = 7 and Φ2=200. 

I have chosen to follow the criterion when the number of video 

flows varies, since video flows cause the bigger variation, and in this 

way, the parameters are more similar to the ideal when the number of ftp 

flows varies. Then, each station, depending on the number of stations of 

video and audio flows there are in the wireless network, takes a different 

value of Φ1 and Φ2, according to: 

• From 0 to 22 points:  Φ1 = 1 and Φ2=3. 

• From 23 to 29 points: Φ1 = 4 and Φ2=10. 

• From 30 to ∞  points: Φ1 = 7 and Φ2=200. 

If the other criterion had been chosen, the audio performance 

would be better and the video one would be worse, and the PCWA with 

the original  Φ1 = 8 and Φ2=16 parameters of [3] already achieves to 

improve the audio flow considerably. 

Of course, the ideal research would be to simulate thousands of 

different situations, but this is not a practical solution, due to the great 

amount of time it would take. 
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5.2.- AIPM 

5.2.1.- Problem and solution 

 AIPM algorithm is really good for CBR and CBR ON/OFF flows, 

achieving no delay and jitter and making full use of the channel capacity. 

However, this algorithm is not proper enough for variable bit rate flows, 

since base station cannot predict the proper time to poll stations with this 

kind of flows, due to the variable interframe intervals of the packets. 

Furthermore, different sizes of the packets make the length of the slot 

times needed different, making it more difficult to find a proper schedule. 

Consequently, a lot of applications, such as videoconferencing, don’t 

present as good performance as others, such as audio applications. 

 For that, I propose a new method in order to improve the AIPM 

performance with variable bit rate flows. Since it is not possible to take 

the average interframe time to predict next frame arrival of a flow, 

because it is really variable, it could be useful to make the base station be 

able to predict this time between the arrivals of two frames of a flow. 

Furthermore, as the base station doesn’t know the time each flow will 

need the channel only knowing the interarrival time, due to the variable 

packet size, it will be necessary to try to predict the rate needed for each 

flow in future times. Consequently, if a frame is very big, smaller frames 

which were going to be transmitted after this big frame at first, could be 

sent earlier than the big one, so that the delay of these small frames 

weren’t so high. In the same way, we could try to predict the packet size 

instead of one of the two previous parameters, since: 

 Bit rate needed = interarrival time * frame size  

 To predict these two factors (interarrival time and flow rate), I 

will use the adaptive least mean square error linear predictor (LMS 

  33



predictor). Next, I will show some theory about the adaptive linear 

predictor, going through the non-adaptive predictor, taken from [7]. 

5.2.2.- Minimum mean square error linear predictor 

 A “k”-step linear predictor of order “p” follows the following 

expression: 
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From (1) and (2), we have: 
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We will minimize the mean square error , where: ξ
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The vector w that minimizes  is found by taking the gradient and setting 

it to zero: 
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Writing this in matrix form: 

  (4)                                             [k]rwR x =

where { }[n][n]E TxxRx ⋅=  and { }k]x[n[n]E[k] +⋅= xr .  

As seen in expression (4), the solution of these linear equation 

requires knowledge of the autocorrelation of x[n], and it also assumes 
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wide sense stationarity. It also requires inverting R , whose size depends 

on the order of the linear predictor. For all these reasons, I will use the 

adaptive least mean square error linear predictor, which I will explain 

next. 

x

5.2.3.- Adaptive least mean square error linear predictor 

 LMS predictor doesn’t need prior knowledge of the 

autocorrelation of the sequence. In this kind of predictor, the coefficients 

“w[n]” are adapted along the time using the errors “e[n]” in order to 

decrease the mean square error. Of course, “e[n]”, “x[n]”, “w[n]” are the 

same as in (3). 

 To update the coefficients, LMS uses the expression: 

  [n]e[n]µn]1]n xw[w[ ⋅⋅+=+  

where µ is a constant called the step size. 

 If x[n] is stationary, w[n] converges in the mean to the optimal 

solution in (4), as long as 0 < 1 / µ < 2 / λmax, being λmax the maximum 

eigenvalue of RX. However, LMS predictor is really sensitive to µ value, 

since large values provide fast convergence and quick response to signal 

changes, but, after the convergence, there will be large fluctuacions; on 

the other hand, small values will provide slower convergence and less 

fluctuation after convergence. 

 Consequently, we will use the NLMS predictor, since it is less 

sensitive to the step size, converging in the mean if 0 < µ < 2, following 

the expression: 

 2[n]
[n]e[n]µn]1]n

x
xw[w[ ⋅⋅

+=+  

  35



 Since at time ”n” we don’t know the value of “x[n+k]”, we can’t 

compute “e[n]”. For that, we use “e[n-k]”. For instance, the one-step 

linear predictor will update the coefficients in the following way: 

 21]-[n
1]-[n1]-e[nµn]1]n

x
xw[w[ ⋅⋅

+=+  

 In both LMS and NLMS predictors, an initial value of “w[0]” will 

be needed. After this value, the rest of “w[n]” parameters will be deduced 

and updated using each appropriate previous expression. 

5.2.4.- Conclusion 

 I propose to try to predict the average interframe time to be able 

to know next frame arrival of a VBR flow, and in this way, the scheduler 

in the base station will know when to send a poll to every station in a 

proper time, and not when the station have nothing to transmit, as 

happens with AIPM. Similarly, I propose to try to predict the rate needed 

for each flow in future times, that is, the throughput for every station, 

making base station be able to manage the resources channel properly. 

 To predict these two factors (interarrival time and flow rate), 

NLMS could be used. Future work will consist of simulating AIPM using 

NLMS predictor, and looking for best “k” step, “p-th”-order and 

“µ”values for every kind of VBR traffic.  
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6.- SIMULATIONS 

 

 In this section, I will simulate the two methods proposed for the 

PCWA. The simulation for the AIPM is proposed as future work.  

 

6.1.- Software 

The software used for making the simulations is the “HCF/EDCF 

NS2 Stanford implementation” [25]. “Network Simulator version 2” 

(NS2) [26] is a discrete event simulator used for networking research. NS 

provides support for simulation of TCP, routing, and multicast protocols 

over wired and wireless (local and satellite) networks. 

NS began as a variant of the Real Network simulator in 1989 and 

has evolved over the past few years. In 1995 NS development was 

supported by DARPA through the VINT project at LBL, Xerox PARC, 

UCB, and USC/ISI. Currently NS development is supported through 

DARPA with SAMAN and through NSF with CONSER, both in 

collaboration with other researchers including ACIRI. NS has always 

included substantal contributions from other researchers, including 

wireless code from the UCB Daedelus and CMU Monarch projects and 

Sun Microsystems.  

 NS is an open source tool, which makes that bugs in the software 

are still being discovered and corrected. NS is being widely used by lots 

of researchers. It can be used on Microsoft Windows systems or several 

kinds of Unix (FreeBSD, Linux, SunOS, Solaris). The NS is constructed 

in OTCL and C++ code. 

 For running a simulation, a script written in OTCL language 

needs to be made so that the Network Simulator can run a scenario. The 

results of the simulation will be shown as text format in the trace files.  
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 It is possible to create a new protocol or new objects by means of 

C++ and OTCL language. 

 

6.2.- Changes to the NS2 Stanford implementation 

 I have taken the changes made by the author in [3] which mainly 

are two: 

1. Calculate the average number of idle slots every 20 transmissions 

and record it in a global variable called “AverageIdleTime”. This 

code is added in the files called “channel.cc” and “channel.h”, most 

of which has been added in the class function “void 

WirelessChannel::recv(Packet* p, Handler*h)” which receives all 

the transmission signals. 

2. Adjust the contention window size according to the average 

number of idle slots. If the value is smaller than a threshold, the 

contention window is increased and vice versa. For that, some code 

has been added in the function “void Mac802_11::recv(Packet* p, 

Handler* h)” situated in the file called “mac-802_11.cc”, which 

deals with the MAC layer of each wireless node. 

In addition, the author in [3] set “CWPfactor” to 1, since the 

contention window mustn’t change when a collision happens. Another 

small change was done in [3] in the file “mac-timers.cc”, but I will not 

detail it because of its small importance.  

 In addition to the modifications made in [3], I have added some 

code in the function “void Mac802_11::recv(Packet* p, Handler* h)” 

located in the file called “mac-802_11.cc”, so that each station be able to 

know the number of stations of each priority there are in the wireless 

network, apart from modifying the contention window of each priority 

according to the two methods explained before. 
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 The tools and environment used are the same as in [3], that is, an 

Intel PC running Redhat Linux, the use of Linux shell scripts, “awk” to 

analysis all the trace files and Matlab for drawing the figures from the 

final results from “awk”. 

 

6.3.- General information about the simulation 

 I have taken the same parameters and algorithm than in [3]. Every 

station uses the same algorithm to adjust its contention window. The 

algorithm can be summarized in the following steps: 

1. Initially, every station with the same priority uses a constant 

contention window. It observes the channel and calculates the 

average number of idle slots (AverageIdleTime) every 20 

transmissions. 

2. If the average number of idle slots is in the range [1.95, 2.10], then 

the contention window doesn’t vary. If it is out of this range, then: 

a. If AverageIdleTime > 2.50: set CW = CW-10. 

b. If  2.50 > AverageIdleTime > 2.10: set CW = CW-5. 

c. If  1.95 > AverageIdleTime > 1.70: set CW = CW+5. 

d. If AverageIdleTime < 1.70: set CW = CW+10. 

CW is the contention window of the highest priority, and in case 

of the priority method, it is the parameter that I called before “window”. 

Better details of how to adjust the contention window of each priority will 

be given in next sections of the simulation of each method. 

The minimum value of CW will be 2, and the maximum value 

will be CWmax.  

The author in [3] compared the value of “AverageIdleTime” with 

the range [1.95 2.10] since he did some previous simulations showing 

that the maximum throughput was achieved when the average number of 
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idle slots was 2.0, which differs a bit from the theoretical value of 1.48. 

Therefore, the author chose this range in order to avoid too many changes 

of the contention window size. 

Concerning the parameters of the simulation, those related to 

802.11a were chosen except with the EIFS value. EIFS was set to the 

same value of DIFS to cancel the effect of enlarging the contention 

window and let the backoff value decrease by one, whenever there is an 

idle slot of DIFS length. The initial value of CW in PCWA was 31, not 

for any particular reason. The Persistence Factor (PF) is 2 for EDCF and 

1 for PCWA, for not changing the value of the collision window every 

time there is a collision, in such a way, the contention window in every 

station with the same priority is the same (constant). We can see them in 

the table: 

SIFS (µs) 16 CWmin(PCWA) 31 (constant) 

DIFS (µs) 34 CWmax 1023 

EIFS (µs) 34 CW(0)EDCF 5 

PHY header (µs) 24 CW(1)EDCF 15 

Slot time (µs) 9 CW(2)EDCF 31 

Short retry threshold 7 Offset(i) 0 

Long retry threshold 4 CWPCWA 31 

MAC queue length 50 PF(i) EDCF 2 

Bit rate (Mbps) 16 PF(i) PCWA 1 

  

Simulations have been done with three different types of priority 

stations: audio, video and ftp stations. The characteristics of each type of 

traffic are shown next: 
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 Packet size (bytes) Interframe time (ms) 

Priority 6 (audio) 160 20 

Priority 4 (video) 1280 10 

Priority 0 (ftp) 200 12.5 

 

As can be deduced, the throughput rate generated for each station 

is: 

• For audio flows: 64 Kbps. 

• For video flows: 1024 Kbps. 

• For ftp flows: 128 Kbps. 

The parameters that will be analysed will be: delay, jitter and 

goodput. Delay is calculated as the time from the creation time of the 

packet to the packet is sent from the MAC layer (the transmitting time of 

the packet is not borne in mind). Jitter is the standard delay variation. 

Goodput is the normalized throughput. 

All the simulations are run during 50 seconds. I will compare both 

methods to EDCF and the original PCWA. I will show the results of these 

methods through four types of scenarios; the first one is the same as the 

scenario 4 in [3]. 

 

6.4.- Priority method 

 I have made some simulations adjusting the contention window of 

each priority according to the expression: 

 i          window
ρm

ρm1ΦCW(i)

i
ii

ii
i ∀⋅

















⋅
⋅

+=
∑  

where ”window” is the CW parameter that was mentioned in the 

explanation of the algorithm. Therefore, the contention window of the 
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highest priority follows the previous expression. I chose the following 

values for each priority: 

 Φi ρi 

i=0 1 1 

i=1 3 1.5 

i=2 6 2 

 

 The values of Φi were chosen for following more or less the same 

relation as EDCF (5 = 1*5, 15 = 3*5, 31 ≈  6*5), and the values of ρi 

were chosen for no special reason, but fulfilling 1ii ρρ +< . 

6.4.1.- Scenario 1: varying the number of ftp stations 

 In this scenario, the number of audio and video flows remains 

constant, being 10 and 5 respectively, while the number of ftp stations 

varies from 1 to 50.  
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 If we compare PCWA to the priority method, the latter achieves 

better performance in the total throughput, although the ftp one is a bit 

worse. Delay is improved in video flows due to the deterioration of the 

audio and ftp ones. Jitter is similar in both methods.  

The only thing that is improved in relation to EDCF (which was 

not improved with PCWA) is the delay of the video, a parameter that is 

quite important for video applications.  

6.4.2.- Scenario 2: varying the number of video stations 

 Here, it is the number of audio and ftp flows which remains 

constant, being 5 in both cases, while the number of video stations varies 

from 1 to 15. 
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 If we compare PCWA to the priority method, the latter achieves 

worse performance in the total throughput, but the difference is small. 

Delay is improved in ftp flows due to the deterioration of the video and 

audio ones, but the improvement is quite clearer in the ftp delay than the 

deterioration of video and audio delays. Jitter is improved in ftp and 

video flows (especially in ftp), although the audio jitter is deteriorated.  

The only thing that is improved in relation to EDCF (which was 

not improved with PCWA) is the ftp goodput, but in this case, we also 

deteriorate the audio delay in relation to EDCF, which is a really 

important parameter. 
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6.4.3.- Scenario 3: varying the number of audio stations 

 Now, the number of video and ftp flows remains constant, being 5 

and 10 respectively, while the number of audio stations varies from 1 to 

35.  
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If we compare PCWA to the priority method, the latter achieves a 

small improvement in the total throughput due to video flows. Audio 

delay is deteriorated without any substantial improvements in video and 

ftp. Jitter is scarcely improved in ftp and video flows caused by the audio 

jitter deterioration.  

Nothing is improved in relation to EDCF (which was not 

improved with PCWA), and on top of that, audio delay is deteriorated. 

6.4.4.- Scenario 4: varying the number of audio, video and ftp 
stations 

 In this scenario, I will vary the number of traffic groups. Each 

traffic group is composed of one station of each priority, that is, one 

audio, one video and one ftp station. I will vary the traffic groups from 1 

to 15. 
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 As it can be seen in the figures, all the parameters in the priority 

method are really similar to the PCWA ones, except the audio delay, 

which is worse in this new method. 

6.4.5.- Conclusions 

 Comparing with PCWA, the priority method manages to improve 

total throughput in a general way, with the problem that the audio delay is 

worse in every scenario. The other parameters are really similar, 

improving marginally the video and ftp jitter caused by the deterioration 

of the audio one. 

There is no substantial improvement in relation to EDCF. 

Some other simulations were made with fixed values of the 

contention windows of each priority, with CW, 3*CW and 6*CW, which 

have not been included in the thesis. Comparing this latest method with 

the priority one, the priority method achieves better results for audio and 
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video flows due to some deterioration in ftp flows. This is caused by the 

values of ρi. When there is a bigger number of flows of a certain priority 

than the others, the performance of these flows (those with majority) is 

worse than when we work with fixed contention windows. But, on the 

other hand, the performance is better for the rest of the flows, being more 

important the improvement than the deterioration. Therefore, we achieve 

better performance with the priority method than with the fixed Φi values 

one. 

 Perhaps, I could also have compared PCWA against the priority 

method with the Φi values of 8 and 16, but I have considered that is better 

to lose performance in the audio delay so that the video throughput is 

better, since the audio delay remains in permissible values despite the 

deterioration. 

 

6.5.- Simulation method 

 I have made some simulations adjusting the contention window of 

each priority according to the expression: 

 i             CW(0)ΦCW(i) i ∀⋅=  

changing Φi  values according to: 

• From 0 to 22 points:  Φ1 = 1 and Φ2=3. 

• From 23 to 29 points: Φ1 = 4 and Φ2=10. 

• From 30 to ∞  points: Φ1 = 7 and Φ2=200. 

giving three points for each video flow and 1 point for each audio flow.  

CW(0) will vary depending on the average number of idle slots. 
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6.5.1.- Scenario 1: varying the number of ftp stations  

In this scenario, the number of audio and video flows remains 

constant, being 10 and 5 respectively, while the number of ftp stations 

varies from 1 to 50. 
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If we compare PCWA to the simulation method, the latter gets 

better performance in the total throughput due to video flows. Ftp delay is 

deteriorated unlike video one, which is improved, without any substantial 

variation in audio one. Jitter follows the same behaviour as the delay. 

Nothing is improved in relation to EDCF (which was not 

improved with PCWA), except a slight improvement of the video delay. 

6.5.2.- Scenario 2: varying the number of video stations 

 Here, it is the number of audio and ftp flows which remains 

constant, being 5 in both cases, while the number of video stations varies 

from 1 to 15. 

  62



  
 

 
 

  63



 
 

 
 

  64



 
 

 
 

  65



 
 

 
 

  66



 
 

Comparing with PCWA, the simulation method gets better 

performance in the total throughput due to video flows, caused by the 

deterioration of ftp one. Ftp delay is deteriorated unlike video one, which 

is improved, without any substantial variation in audio one. Jitter follows 

the same behaviour as the delay. 

The simulation method and PCWA show better performance than 

EDCF until a certain number of video stations. This certain number is 

bigger in the simulation method than in PCWA, which can be seen in the 

cases of video delay, audio and video jitter. For instance, video delay is 

always smaller than EDCF until the number of video stations reaches 11, 

while with PCWA, video delay is always longer than EDCF one. Of 

course, both methods get better or worse performance than EDCF in other 

parameters, as for instance, the deterioration in ftp delay. 
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6.5.3.- Scenario 3: varying the number of audio stations 

 Now, the number of video and ftp flows remains constant, being 5 

and 10 respectively, while the number of audio stations varies from 1 to 

35.  
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 It can be seen in the figures that the simulation method improves 

the total throughput, although it is worse from 15 to 22 audio stations, 

due to the deterioration of the ftp flows and the improvement of video 

flows again. With regard to delay, audio and video delay is improved due 

to the deterioration of the ftp one. Jitter follows the same behaviour as the 

delay. 

The simulation method and PCWA show better performance than 

EDCF until a certain number of video stations. This certain number is 

bigger in the simulation method than in PCWA, which can be seen in the 

cases of video delay and video jitter. Of course, both methods get better 

and worse performance than EDCF in other parameters, as for example, 

the improvement in audio delay. 

6.5.4.- Scenario 4: varying the number of audio, video and ftp 
stations 

 In this scenario, I will vary the number of traffic groups. Each 

traffic group is composed of one station of each priority, that is, one 

audio, one video and one ftp station. I will vary the traffic groups from 1 

to 15. 
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 If we compare PCWA and the simulation method, total 

throughput is improved, due to the deterioration of the ftp flows and the 

improvement of video flows again. Audio and video delay is improved, 

contrary to the ftp one. Jitter follows the same behaviour as the delay. 

The simulation method manages to improve video delay in 

respect to EDCF, which in turn is better than PCWA.  

6.5.5.- Conclusions 

 Comparing with PCWA, the simulation method manages to 

improve total throughput, caused by the improvement of the video flows 

and the deterioration of ftp flows. Audio delay and, especially, video 

delay are improved, contrary to ftp delay. Jitter follows the same 

behaviour as delay. 
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 The simulation method gets better performance with respect to 

video delay than EDCF, which in turn is better than PCWA. In some 

scenarios, other video and audio parameters are improved but only until a 

certain number of stations, where EDCF protocol improves over the 

simulation method.   

Ideally, one would like to simulate thousands of different 

situations so that it is possible to get a best method to change the Φi 

parameters, but this is not a practical solution, due to the great amount of 

time it would take. More studies with different conditions and scenarios 

should be done. 
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7.- CONCLUSION AND FUTURE WORK 

 
 I have proposed three new ideas so that PCWA and AIPM 

algorithms can present a better performance. Two of them (priority and 

simulation methods), which cope with the PCWA algorithm, are 

simulated. 

 Comparing with PCWA, the priority method manages to improve 

total throughput in a general way, with the problem that the highest 

priority delay is worse but remains in permissible values. It doesn’t get 

better results with respect to EDCF. More research must be done to find 

better ρi parameters. 

As regard the simulation method, with respect to PCWA, it 

achieves better throughput performance, as well as achieving better 

performance in general for high priority flows. On the contrary, the 

lowest priority performance gets worse. The simulation method gets 

better general performance in highest priorities than EDCF, above all, 

until a certain number of stations, which PCWA doesn’t get it. Future 

work should include the simulation of other conditions and scenarios. 

AIPM is quite good for CBR traffic. Dealing with VBR flows, 

predicting the average interframe time and the rate needed for each flow 

in future times using NLMS predictor, could make the base station be 

able to manage the resources channel properly, achieving better 

performance with these kind of flows. Simulations with variable bit rate 

flows should be done to show the improvement of my method with 

respect to AIPM.  
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