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Sammanfattning 
Abstract 
Nowadays Wireless LAN is playing a more and more important role in network systems. After 
1999, in which the IEEE organization published its Wireless Local Network standard 802.11[1], 
many people saw the advantages of the standard but also the lack of support for multimedia 
streaming. A lot of research work has been done on the proposed IEEE 802.11e standard draft 
during the past 4 years. It is supposed to be able to fully support Quality of Service. The final 
version will be published early in 2004. In my thesis, I propose two possible methods to improve 
the performance of service differentiation in the MAC layer. The first one is called PCWA 
(Practical Contention Window Adjustment). It is a method with which the station finds a best size 
of its contention window when running the EDCF (Enhanced Distributed Coordination Function) 
access method. It helps to improve the total system throughput, the jitter and the delay of traffics 
with different priorities. The second method is called AIPM (Adaptive Initiative Polling Machine). 
It uses the polling mechanism for differential service, intelligently arranging the polling time to 
reduce the delay as much as possible, achieving large improvement in performance. This method 
significantly increases the total system throughput, while the delay and jitter of the traffics are 
very much small in comparison to EDCF. 
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Abstract  
 
 
Nowadays Wireless LAN is playing a more and more important role in 

network systems. After 1999, in which the IEEE organization published its 

Wireless Local Network standard 802.11[1], many people saw the advantages of 

the standard but also the lack of support for multimedia streaming. A lot of 

research work has been done on the proposed IEEE 802.11e standard draft [3] 

during the past 4 years.  It is supposed to be able to fully support Quality of 

Service. The final version will be published early in 2004. In my thesis, I propose 

two possible methods to improve the performance of service differentiation in the 

MAC layer. The first one is called PCWA (Practical Contention Window 

Adjustment). It is a method with which the station finds a best size of its 

contention window when running the EDCF (Enhanced Distributed Coordination 

Function) access method. It helps to improve the total system throughput, the 

jitter and the delay of traffics with different priorities. The second method is 

called AIPM (Adaptive Initiative Polling Machine). It uses the polling mechanism 

for differential service, intelligently arranging the polling time to reduce the delay 

as much as possible, achieving large improvement in performance. This method 

significantly increases the total system throughput, while the delay and jitter of 

the traffics are very much small in comparison to EDCF. 
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1 INTRODUCTION 
Consumers require more convenient and powerful communication 

techniques to facilitate the needs of communication, entertainment, information 
exchange, etc. Video and audio techniques make the online chatting, video 
broadcast, videoconference enter more and more application fields. Those 
different techniques demand different service property, such as low delay, or large 
throughput, or low delay jitter and so on.  Quality of Service (QoS) has been the 
Internet’s future development orientation.  

Meanwhile, local wireless communication has become a new center of 
attention. Its convenience attracts many users and researchers. The IEEE 802.11 is 
such a popular standard for building the MAC (Media Access Control) layer and 
PHY (Physical) layer of the wireless local network.  It defines three different 
physical layers: 802.11a, 802.11b and 802.11g, and several different modulation 
methods: Infrared, Direct sequence spread spectrum (DSSS), Frequency-Hopping 
spread spectrum (FHSS), Orthogonal Frequency Division Multiplexing (OFDM). 

802.11a operates in the 5 GHz band. It supports a maximum theoretical data 
rate of 54 Mbps, but more realistically it will achieve throughput somewhere 
between 20 Mbps to 25 Mbps in normal traffic conditions. WLAN products based 
on 802.11a technology are rapidly coming to market in 2003, making them more 
affordable and widely available. 

802.11b. Most WLAN deployed today use 802.11b technology, which 
operates in the 2.4 GHz band and supports a maximum theoretical data rate of 11 
Mbps, with average throughput falling in the 4 Mbps to 6 Mbps range. Bluetooth 
devices, 2.4 GHz cordless phones and even microwave ovens are sources of 
interference (and thus create poor performance) for 802.11b networks. 
Minimizing interference can be difficult because 802.11b uses only three 
non-overlapping channels. 802.11b products have been shipping in quantity for 
several years so you will find that products are plentiful and affordable. 

802.11g offers the throughput of 802.11a with the backward compatibility of 
802.11b. 802.11g will operate in the 2.4 GHz band but it will deliver data rates 
from 6 Mbps to 54 Mbps. Like 802.11b, it will have up to three non-overlapping 
channels. 802.11g uses orthogonal frequency-division multiplexing (OFDM) 
modulation as does 802.11a, but, for backward compatibility with 11b, it also 
supports complementary code keying (CCK) modulation and, as an option for 
faster link rates, allows packet binary convolution coding (PBCC) modulation. 

The IEEE is developing the 802.11e standard as an extension of the 802.11 
standard with backward compatibility and QoS features.  The 802.11e standard 
mainly concerns the MAC layer protocol. That means the modification is only in 
the MAC layer. The 802.11e can provide different service quality for traffic
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 streams with different priorities. It provides both the Differential Service 
and the Integrated Service to each wireless station. 

For the wired network, the IETF (Internet Engineering Task Force) proposes 
two kinds of services: Integrated Services (IntServ) and Differentiated Services 
(DiffServ), in order to support guaranteed QoS and traffic prioritization. IntServ 
guarantees the service quality for each individual traffic stream, which is the 
traffic between two single users. IntServ provides high level of precision in 
resource allocation and reservation. In contrast, the DiffServ mechanism makes 
each network user compete for the communication channel according to the 
priorities of the traffic streams. Traffic streams with higher priority will get better 
service at the cost of the performance degrading of traffic streams with low 
priority. The DiffServ does not reserve the resource in the network nodes and it is 
a totally decentralized mechanism. 

In my thesis, I will first depict the MAC layer of 802.11 standard and the 
proposed MAC layer of 802.11e standard in chapter 2.  In chapter 3, I depict 
several interesting modifications of the MAC layer protocols and comment on 
them. Then I deduce my own method for the protocol. In chapter 4, I discuss some 
possible modifications, try to build up their mathematical model, clarify their 
advantages and disadvantages. In chapter 5, I use a software (called Network 
Simulator) to simulate a series of experiment scenarios and draw the performance 
curves of the results, showing the good and bad of my models. Then, in the end, I 
summarize my work in chapter 1.  
 
 
* Note: All the figures in chapter 2 and chapter 3 are from the corresponding 
standard documents and published papers. 
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2 BACKGROUND INFORMATION 

2.1 802.11 
2.1.1 Architecture 

In the 802.11 world, the communicating entities are divided into two parts: 
Base station and wireless stations. The wireless station is the normal wireless 
transmitting entity acting as a peer end user. It can receive and send packets at the 
same time. The base station is the central controller of some wireless stations. It 
sends beacon signals to synchronize the whole system and acts as the access point 
and router to/from the outer world.  The base station with wireless stations forms 
BSS (Basic Server Set). The base station is also called AP (Access Point). One 
BSS has only one base station and several wireless stations. Several BSS and be 
connected with wired or wireless networks, as Figure 1 shows: 

 
 
            (a) One BSS                                                   (b) two BSS 

Figure 1   802.11 architecture 
           

2.1.2 MACAW 
MACAW (Bharghavan et al, 1994) stands for Multiple Access with 

Collision Avoidance for Wireless. It is based on the MACA technique (Karn, 
1990).  It is used to solve the hidden station and the exposed station problems in 
wireless communication. The basic idea is for the sender to stimulate (by sending 
RTS—Request To Send) the receiver to output a short frame (CTS—Clear To 
Send), so stations nearby can detect this new transmitting session and keep silence 
for the duration of the whole session, see Figure 2. 

In addition to the RTS/CTS mechanism, MACAW also introduces the 
following mechanisms: ACK frame to shorten the detecting time of collision; 
Carrier Sense mechanism to detect the channel state before transmission; backoff 
algorithm to reduce the collision probability; some methods to exchange 
congestion information between stations.
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Figure 2 RTS/CTS 

 
2.1.3 CSMA/CA and DCF 

In the protocol CSMA/CA (Carrier Sense Multiple Access with Collision 
Avoidance), both physical channel sensing and virtual channel sensing are used.  
In the first method, when a station wants to send a packet, it senses the channel. If 
the channel is idle, then it transmits. It does not sense the channel while sending 
the packet. The only way for it to find out a collision is the time-out of receiving 
the ACK packet for that transmission. If the channel is busy, it waits for a certain 
amount of time until the channel turns idle. If collision happens, it waits a random 
amount of time, decided by the Binary Exponential Backoff algorithm and tries 
again. In the second method, each wireless station saves the duration information 
of the whole session gotten from the frame header, and waits until the current 
transmission ends. It is a kind of channel reservation protocol. Each station 
maintains a table of such end-to-end duration information, called NAV (Network 
Allocation Vector), thus reducing the collision probability significantly. 
 
 
 
 
 
 
 
 
 
Figure 3 Virtual Carrier sensing  
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DCF (Distributed Coordination Function) is an access method using 
CSMA/CA to access the channel and transmit the packets. It guarantees the 
fairness and distribution character among wireless stations. Each station equally 
contends for the channel and the probability character of Binary Exponential 
Backoff algorithm lets each station have the same opportunities of transmission 
and collision, at the cost of wasting of idle time slots. The phase in which all the 
stations are using DCF is called Contention Phase (CP). 

The reason why 802.11 does not use CSMA/CD (Carrier Sense Multiple 
Access with Collision Detection) is because the high complexity and cost of the 
hardware for the CSMA/CD for wireless environment. 

 
2.1.4 Interframe Space  

In 802.11, spacing is used to separate frames or as a flag showing the idle 
state of the channel. There are 4 types of interframe space, SIFS, PIFS, DIFS and 
EIFS. 
The following Figure 4 shows the differences between ISFs: 
 
 
 
 
 
 
 
 
 
Figure 4 Inter Frame structure 
 

SISF: Short Inter Frame Spacing. It is used to separate the frames in one 
single transmitting session, like the space between the RTS, CTS, DATA and 
ACK frames. If the receiving station does not get the frame after SISF, usually it 
means some error occurs. 

PISF: PCF Inter Frame Spacing. The base station (AP) uses it to grab the 
control of the channel without being anyone else interfering.  After a transmission, 
if the AP wants to access the channel, it waits for an idle period of time equal to 
PIFS and begins its transmission. The spacing is used in the PCF (2.1.6) period of 
the AP. 

DISF: DCF Inter Frame Spacing. Used by other wireless stations during the 
Contention Phase. After a transmission, if the station wants to access the channel, 
it waits for an idle period of time equal to DIFS and begins its transmission or the 
backoff procedure (2.1.5). 
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EISF: Extended Inter Frame Spacing. The EIFS shall be used by the DCF 
whenever the station detects that a frame transmission has begun but did not result 
in the correct reception (with a correct checksum value) of a complete MAC 
frame. The EIFS interval follows the end of the erroneous transmission for an idle 
period of time equal to EIFS before it tries to retransmit the frame. This gives 
other stations higher priorities to send their frame than the erroneous station. 
 
2.1.5 Binary Exponential Backoff 

The 802.11 standard uses a backoff procedure similar to the one the Ethernet 
uses. 

The station continuously senses the channel. After the busy time of the 
channel, if there is at least DIFS long idle time following the busy period, the 
channel is said to be free at that moment. The station then chooses a random 
number, which is in the range of [0,CW-1], say, backoff-time=X. Then after X 
number of idle slots (deferring), it starts its own transmission. If during the 
deferring, the medium becomes busy, then the counting of idle slots is paused and 
after the channel idles again for DIFS long, the counting resumes.  

If collision occurs, the station will enlarge the contention window, CW, 
twice, that is, CW=CW*2, then choose a new random number in the range of 
[0,CW-1], and begin the backoff procedure. 

After each successful transmission, the CW is always reset to the initial value. 
There are CWmin and CWmax, which bound the size of the contention window. 

The following Figure 5 shows the backoff procedure. 
 
 
 
 
 
 
 
Figure 5 Slot time and contention window 
 
2.1.6 PCF 

PCF stands for Point Coordination Function. It is a mechanism, with which 
the AP have full control of the communication channel, broadcast messages, 
query each station to ask for data packets. It is a centralized control mechanism in 
comparison to the DCF, Distributed Coordination Function. The duration in 
which the BSS is using the PCF for communication is called Contention Free 
Phase (CFP).  The base station here, divides the time into big “super -frames”, 
which consist of a beacon frame, to be used to synchronize all the stations and 
exchange configuration information; a CFP, during which, the AP has full control 

medium busy 

DIFSDIFS 

next frame 

contention window 
(randomized back-off 
mechanism) 

slot time

direct access if  
medium is free ≥ DIFS 
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of the channel; and the CP, the contention phase for all the stations.  In this phase, 
no collision occurs, each station is polled by the AP and allocated some specific 
time to transmit frames. PIFS is used by AP to get the control of the channel, as 
shown in Figure 6: 
 
 
 
 
 
 
 
 
 
 
 
  
Figure 6 CFP transferring session 

 
The PCF mechanism is built in AP, and other wireless stations can choose to 

support the mechanism or not. In other words, it is optional for wireless stations. 
 
2.2 802.11e 

No priority mechanism is involved in DCF: all the packets are treated using 
the first come first serve philosophy. When the number of stations in one BSS 
increases, the probability of collision becomes higher and results in performance 
degradation. Several resource reservation methods are available in PCF. Although 
PCF can support some time-critical traffic, many inadequacies have been 
identified, such as shortened CFP, unknown transmission duration of polled 
stations and difficulty to predict the amount of frames one wants to send. Even 
more, there is no management interface defined to build up and control PCF 
operations.  So the 802.11e standard is being discussed. 

In [3], a new method is introduced to support Qos requirement: Hybrid 
Coordination Function (HCF). HCF has two main parts. One is HCF Controlled 
Channel Access (HCCA), for the Integrated Services requirement. The other is 
Enhanced Distributed Channel Access (EDCA/EDCF), for the Differential 
Services requirement. 

 
2.2.1 HCCA 

The HCCA is basically PCF. They are all implemented in AP. With HCCA, 
AP gets control of the channel after PIFS idle time and begins to poll each station 

PIFS 
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for specific packets. IEEE defines that each wireless station can support up to 8 
“guaranteed” traffic flows. The base station uses control frames to gather the 
traffic information in each station and allocates available time slots to each stream. 
The number of granted time slots is contained in the polling frame to each station. 
HCCA can operate during both CP (contention phase) and CFP (contention free 
phase). Operating during CFP is not encouraged by the new standard draft due to 
the complexity of the protocol. 

In the wireless station, all the 8 traffic flows must contend with each other for 
transmission. So, there must be a scheduling method in each station. 

In AP, the number of supported traffic flows is not limited by the standard 
but by the available resources. 
 
2.2.2 EDCF 

EDCF is for the support of prioritized traffic. In EDCF, each data frame has a 
priority. There are 8 “user priorities”, from high to low, numbered from 0 to 7, 
each being called Traffic Category (TC). Each TC has its own definition of 
maximum delay and minimum throughput. Practical TCs are Audio traffic, Video 
traffic and FTP traffic, etc. The performance guarantee of high priority TC is 
satisfied at the cost of performance degradation of low priority TC.  

To be able to provide different priority performance using a distributed 
mechanism, EDCF adopts AIFS. 

AIFS (Arbitrary Inter-Frame Space) is the extra time slots, appended at the 
beginning of each backoff contention window, which means, the backoff random 
number is between AIFS and AIFS+CW. Different TC have different length of 
AIFS, thus reducing the probability of low priority TC to be transmitted. 
The following Figure 7 shows the use of AIFS: 
 AIFS[j] 

AIFS[i] 

DIFS/AIFS
Contention Window 

Slot time 

Busy Medium 

Defer Access 

Next Frame 

Select Slot and Decrement Backoff as long  

SIFS 
PIFS DIFS/AIFS 

Immediate access when  

Medium is free >= DIFS/AIFS[i] 

as medium is idle 

Backoff-Window

 
Figure 7 Basic Access Method 
 
The algorithm for calculating the backoff value is as following: 

Backoff Value[i] = Random() * CWnew[i] 
CWnew = CWold[i] * PF , when collision happened. 
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Here, “i” denotes the priority number. 
PF is a factor, for example, 2 for the Binary Backoff, or 1 without enlarging the 
window. 
Each priority has it own CWmin, CWmax, and AIFS. 
 
2.3 Ethernet Token Ring 

In my discussion below, I will mention the Ethernet Token Ring protocol. So 
let’s say something about the token ring network.  

In the Ethernet Token Ring system, all the stations are connected with each 
other as a logical ring, i.e., connected one after one. There is a token frame that is 
passed around to every station in the ring. When a station gets the token frame, it 
has the right to transmit one or several data frames to the next station. The next 
station receives every frame that the previous station sends and forwards it, if the 
frame is for others. Since the system architecture is a ring, the data packet can 
always reach the destination. After transmission, the controlling station sends the 
token frame to the next station in the ring, and gives up the control of the channel. 
If the station has nothing to send, it can simply pass the token frame to the next 
station. So, at the same time, there is always one station transmitting, while others 
are listening and forwarding. There is no central controller in the ring system. The 
token frame is generated by an election algorithm after some idle time. The token 
ring algorithm can run on a ”BUS” channel, which is called token ring BUS.  The 
MAC address is used not only for identifying the station, but also for creating the 
ring and for deciding the position of the station in the ring. Only the station which 
receives the token frame has the right to broadcast messages on the physical 
channel. 

There have been written many good papers concerning the performance of 
the token ring system. Some main characters of the token ring system are:  

 The performance is good when the system load is heavy. There is no 
contention between each station. 
 The performance is not so good if the system is not so heavily loaded, 

because of the cost of passing the token frame. 
 There is a little administration overhead when building up the virtual 

ring. 
In comparison, the Broadcast Ethernet, 802.3, works better than Token Ring, 

when the system is not so heavily loaded, since it does not have to pass the token 
frame when there is nothing to send in the station. Furthermore, the broadcast 
Ethernet does not need to do any administration between stations. 
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2.4 Bit-map protocol 

This is an existing algorithm. I will also use the idea from it.  
It is a contention free technique I can think about, which is using the 

reservation protocol. In this protocol, before the transmission starts, there is a 
special frame, called bit-map, which contains N slots. N is the number of stations 
in the system. The bit-map frame is at the beginning of each period. If a station has 
packets to send, it puts a busy bit in the bit-map frame, at the slot that is reserved 
for it. The position of the slot can be the registered id of the station. When the 
bit-map is broadcasted, everyone will know who wants to transmit, and the order 
of the transmission is as the order of the registered ids. 
 
 
 
Figure 8 Bit-map protocol 

0  1  2  3  4  5  6  
   1     1  Station 1 Station 3 1                   1

0  1  2  3  4  5  6  

Station 0 Station 5
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3 RELATED WORK 
In the wireless local network field, many research works have been done to 

find out the theoretical performance and the probable improvement by 
introducing new modifications and techniques. In this chapter, I discuss some of 
the existing analysis and researches. My purpose is to find out a better way to 
improve the 802.11e draft protocol. 

Before I begin, let’s say something about 802.11e: 
3.1 Possible performance improvement in MAC layer 

The new 802.11e standard is under developing on the basis of the 802.11 
standard. The new standard must be backwardly compatible, making full use of 
the physical channel, meeting the special requirements of high priority packet 
flows and do resource reservation for some packet flows. IEEE has defined 
several Traffic Categories and Traffic Specifications. Each packet flow has its 
own requirement of maximum delay, minimum data rate and maximum delay 
jitter. In fact, if I have ample amount of bandwidth for the traffic including the 
overhead of the system (idle waste, collision waste, interferences), I can always 
achieve those performance requirements. But, to be efficient or economical, the 
physical channel must be fully used for the payload as much as possible.  Based 
on the 802.11 standard, in MAC layer, I can see some possible improvements in 
the following areas: 
 
3.1.1 Collision avoidance 

In DCF or EDCF, each station transmits without knowing if there are other 
stations that are also accessing the channel. Thus collision happens and results in 
waste of channel time. Unlike Ethernet, the wireless station does not have the 
ability to detect collision during the transmission procedure. So it can only detect 
the failure when there is no reply from the receiver. Also the hidden station 
problem makes it impossible to predict the number of transmitting stations. If the 
data packet is very long, the waste of bandwidth is high. The less collisions occur, 
the better. 
 
3.1.2 Reducing Idle time slots 

Still in EDCF or DCF, the solution for reducing the collision is to use a 
random number of idle slots to separate different transmissions from each other. 
The larger the backoff content window, the less the probability of collision is.  
Obviously, if the content window is too large, the wasted time due to idle slots 
might be larger than the wasted time due to collisions. The ideal solution is to 
queue up all the packet flows in all stations and let them transmit one by one. 
There will be no waste of idle slots and no collision. Such mechanism needs a
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 central controller, which knows everything in the network. However, such a 
central controller is not practical in distributed systems. 
 
3.1.3 Traffic prediction  

In the context of HCCA, the base station must reserve enough bandwidth for 
some special packet flows for each wireless station. But the base station is not 
very clear about the amount of data frames or packet flows in the wireless stations.  
Furthermore, some traffics, like speech signal and videoconference signal have 
variable data rate. This makes the reservation even harder. If the base station 
over-allocates the available bandwidth to each wireless station, bandwidth waste 
occurs. If the base station under-allocates resources, performance degradation 
occurs. We must balance these two factors. Some work must be done in this area, 
too. 
 
3.2 Enumeration of research results 
3.2.1 Protocol model and performance analysis of DCF 

In [6], a Markov chain model is built up for the IEEE 802.11 DCF protocol, 
and a wonderful mathematical analysis of the protocol in saturation condition is 
done. The analysis can help us a lot when we try to find some improvement 
methods for the 802.11 or the 802.11e standard. 

Two useful factors are introduced: p and τ. 
“p” stands for a conditional collision probability, which is the probability of 

a collision seen by a transmission on the channel. We assume that we know the 
value of “p”.  This is the key assumption in this model. 

“τ” is the stationary probability that the station transmits a packet in a generic 
(i.e. randomly) slot time. 

According to the Markov chain, the probability of a successful transmission 
is expressed by P{i2,k2|i1,k1}. “i” is the number of collisions the packet suffered, 
and “k” is the backoff value at current time. The numbers in the formula stand for 
different states.  Then the system can be expressed as following: 

{ } ),0(),2,0(,11,|, miWkiikiP i ∈−∈=+  

{ } ),0(),2,0(,10,|,0 0
0

miWk
W

pikP ∈−∈
−

=  

{ } ),1(),2,0(,0,1|, miWk
W
pikiP i

i

∈−∈=−  

{ } miWk
W

pmkmP m
m

=−∈= ),2,0(,0,|,  

“m” means the maximum threshold for enlarging the contention window. 
“ iW ” means the size of the contention window after the i-th collision. 
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The first equation accounts for the dissemination of the backoff value. The 
second equation represents the state changing after a successful transmission. The 
third and forth equations represent the state changing after a failed transmission. 

Based on this model, after a series of calculations and iterations, we get: 
            

))2(1()1)(21(
)21(2

mppWWp
p

−++−
−

=τ        W is the initial contention window, i.e. 

minW .. 
In addition, if we do not enlarge the contention window after collision, the 

equation reduces to: 

1
2
+

=
W

τ  

Also, intuitively, if there are n stations in the system, the relation between p 
and τ is: 

1)1(1 −−−= np τ     
In the state of saturation, the value of τ can be approximated. 
Let T denotes the duration of a collision measured in slot time units. 
The approximated solution for τ is: 

2/
1
Tnopt ≈τ  

This equation is of fundamental theoretical importance. In fact, it allows us 
to explicitly compute the optimal transmission probability τ that each station 
should adopt in order to achieve maximum throughput performance in the 
network system. In other words, it shows that maximum performance can be, in 
principle, achieved for every network scenario, by suitably adjusting the 
transmission probability τ according to the network size. As n is not a directly 
controllable variable, the only way to achieve optimal performance is to employ 
adaptive techniques to tune the values m and W. 

The problem has been specifically considered in [7] for the case of fixed 
backoff window size, i.e., m=0. In such a case: 

TnWopt 2=  
In the general case, the maximum approximation throughput for the system 

using the RTS/CTS scheme, is: 

)1)(( /1max −++
= K

cs eKTKT
ES

σ
 

Here, E is the average payload size, σ is the duration of an empty slot time, Ts 
is the time a successful transmission lasts and Tc is the time a failed 
transmission lasts, K is 2/T . 

In the denominator of the above equation, σ K is the time the channel spent in 
idle state and )1)(( /1 −K

c eKT  is the time the channel spent in collision state. 
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The above analysis tells us that the maximum throughput can be tuned to 
achieve the same value, regardless of the number of transmitting stations and the 
relation between the contention window and the maximum window size. So, we 
can try to find some ways to improve the use of the contention window 
mechanism. 

Simulation results show that the theory of above is right. It can be helpful 
when we try to find out the balance between the waste of idle slots and collision 
time, and when we want to adjust the size of the contention window. For a more 
extensive analysis, please refer to the paper itself [6]. 
 
3.2.2 Performance of current EDCF and HCCA 

In [25], simulation work has been done under the condition that  
NewCW[TC]=((oldCW[TC] +1)*PF[TC])-1 
Here PF is the Growth Factor (It is 2 in the 802.11e draft). 
It shows that in EDCF, enlarging the contention window of packets with low 

priority will significantly improve the jitter characteristics of packets with high 
priority. On the contrary, changing the Growth Factor has minimal impact in 
scenarios with a small number of stations. The improvement of packet flow with 
high priority is very much at the cost of the performance degradation of packet 
flow with low priority. The EDCF needs significant tuning to reach the optimal 
performance. 

HCCA helps reduce the collision probability to minimum and improve the 
latency and jitter of higher priority packet flows with minimal impact on packet 
flows with lower priority. 
 
3.2.3 Gross tuning of contention window 

In [16], the authors propose two possible ways of detecting the system 
situation when running DCF at each wireless station. 

First, is to dynamically tune the CWmin to fit with the number of 
transmitting stations. The value of CWmin is set to 8 times the number of stations, 
i.e., CWmin=8N. By making CW a function of N, the probability of collision does 
not increase with the growing of the number of transmitting stations.  N, the 
number of transmitting stations is obtained by recording the station addresses that 
one has heard during last x seconds, where x is a suitable value of time. Also, the 
N can be gotten by calculation according to the channel utilization[6],[7]. The 
value “8” is loosely based on the contention window equation mentioned in [7]. 

Second, each station advertises its next backoff value to its neighbors. Thus, 
each station can avoid choosing the same backoff value, which leads to collision. 
Prior to transmitting a packet, the station selects its backoff value from the range 
of [0, CW-1] for the next transmission and puts it into the data packet.  As long as 
the packet is successfully received by all the surrounding stations, they all get 
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informed of this value. Those listening stations put the value into a table of “BV 
(Backoff Value) in use”. During the procedure of counting the number of idle 
slots, one station decreases by one its own backoff value as well as every value in 
that table. If the station chooses a backoff value that is already in the “in use” table, 
it simply chooses another one that is smaller than the original one. If all the 
possible smaller values are  “in use”, it then chooses the value bigger than that, 
that is, in the range of [0,2*BV]. 

The authors also declare that while usually statistically significant, the effect 
of an erroneous channel is masked by the effects of either more traffic load or 
more number of stations in the network.  

Simulation results are gotten under the condition of 40 stations and a channel 
load of 0.7. They show the significant improvement of the performance, 
especially the mean delay and collision ratio. 
 Throughput Mean 

Delay(s) 
Missed 
Deadline 
Ratio 

Collision 
Ratio 

DCF with 
new method 

0.6948 0.0410 0.0079 0.0096 

IEEE 802.11 
DCF 

0.6421 10.8162 0.5928 0.2879 

In addition, the authors indicate that the CW expansion with tracking of 
backoff value works much better than each single of them does, while they all 
have the same efficiency of reducing the number of collisions.  
 
3.2.4 DCC 

In [15], a method called Distributed Contention Control (DCC) is proposed. 
The idea is to add an additional calculation in the current 802.11 MAC layer, to 
help tune the probability of transmission and thus reduce the number of collisions. 
Three factors and one formula are introduced. 

1. 
ff_valueinit_backo

e_one_after_idlbusy_slotsnumber_of_ zationslot_utili =  

The value of slot_utilization is between 0 and 1. 
The numerator is the number of transmissions that the station hears during 
the time when it is decreasing its backoff value until zero. This procedure 
happens only when there is at least one idle slot in front of each busy period 
of the channel. It is to prevent the value of the equation becoming larger than 
1.   
The denominator is the backoff value gotten from the original backoff 
algorithm.  
The “lot_utilization” reflects the channel busy level. 

2. number_of_transmission_attempt 
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When the backoff counter is decreased to zero, the station transmits with 
probability of Probability_of_transmission. If in any situation it chooses not to 
transmit, or collision happens, the number_of_transmission_attempt is 
increased by 1. 
3. )on_attempttransmissinumber_of_el*(prior_levzationslot_utili -1missiony_of_transprobabilit =  

Or 
lprior_levezationslot_utili -1missiony_of_transprobabilit =  

The factor is used to decide whether to transmit or not. Here the use of 
number_of_transmission_attempt is to increase the priority of those stations 
who have suffered from collision or deferring of transmission. The factor 
prior_level here is to provide different service priority for packets with different 
priorities. To keep the algorithm effective, the author suggests to use the first 
formula in the case that number_of_transmission_attempt has exceeded some 
threshold.  

 
The whole algorithm is as following: 

If (the scheduled slot for transmission is reached) 
    Then calculate the slot utilization and P_T 

  If (Rnd()<P_T) 
            Then transmit 
           Else defer 
If (deferred or collided)  
    Then schedule a new retransmission: { 
    increment number_of_transmission_attempt by 1; 
     double the contention window, as the standard backoff procedure; 
     choose a random number which is smaller than the contention window size. 

    } 
Using mathematical formula, the author shows that if the estimated channel 

utilization is bigger than the actual one, in the next transmission procedure, the 
estimated channel utilization is reduced, and vice versa. The result is also 
self-evident. The algorithm is self-adjusting. 

At the end of the paper, simulation results have been presented, which show 
that large gain (50%) in terms of Mean Delay and Channel /Utilization is gotten 
using the DCC algorithm, and the gain keeps growing when the number of 
stations is growing. When applying the priority factor, the different service 
qualities for different packet flows are achieved. 
 
3.2.5 HOL information and service differentiation 

In paper [10], there are two interesting variances of the current IEEE 802.11 
MAC protocol. 



 
 
 

Chapter 3 Related work 

- 17 - 

The first one is, in the RTS/CTS/DATA/ACK procedure, the RTS and 
DATA piggyback their source node’s Head of Line (HOL) packet priority 
information. The HOL contains some information about the first packet in the 
source station’s queue. To let the hidden station know this information, they are 
also copied into corresponding CTS and ACK frames. Thus, each station can 
maintain a table of next packet information of other stations.  

The table will be helpful for dealing with collision and priority treatment, ex. 
the packet of highest priority in the table gets the right to be transmitted first. This 
mechanism somewhat looks like a global queuing system. 

Second, by introducing two new constants, α and γ, the authors propose a 
new modified backoff policy: 

Suppose: the priority index is from 1 to n, and 1 is the highest level, denoted 
by R. 

            L denotes the collision number the current packet suffered. 
            M is the threshold of the number of collisions used in normal 

backoff contention window calculation. 
The backoff value is gotten according to the following rule: 

    1.If R=1, L<M 
        The backoff value is: [ ]12,0 min −CWuniform L  
    2.If R>1, L=0 
        The backoff value is: [ ]1,0 minmin −+ CWuniformCW γα  
    3.If R>1, L>=1 
        The backoff value is: [ ]12,0 min −CWuniform Lγ  

The effect of the algorithm is to transmit packets with highest priority using 
normal backoff procedure, while for other packets with lower priorities, if there is 
no collision happened before, add some extra time slots in front of the backoff 
value. In this case the size of CWmin is modified by the constantγ. If at least one 
collision happened before, then the backoff value rule is gotten using a method 
that is just like normal backoff procedure except that the size of CWmin is 
modified by the constantγ.  A larger γ allows for reduced probability of 
collision and provides a larger chance of successful channel access; we can use γ
=2 to allow equal chance of accessing the channel for all nodes after the first 
CWmin slots. 

In my opinion, the rule number two of this algorithm is almost like the EDCF 
method in the 802.11e draft. 

The algorithm in this paper is a half-developed method, and needs more 
improvement and refinement.  For example, instead of using constants , I can let  
α and γ be the functions of priority level L, in order to be able to support more 
obvious difference between packets with different priorities. Although not mature, 
they are still inspiring for the reader to do some future work on them. 
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The simulation results of the above algorithm show a significantly lower 
packet transmission delay than that of 802.11 DCF.  
 
3.2.6 DOCW 

Another interesting variance of the backoff algorithm of EDCF is proposed 
in [9], which is worthy of notice. It is called Dynamic Offset Contention Window 
(DOCW). It is also mentioned in EDCF of the 802.11e draft, packets with 
different priorities have their own group of parameters, which define the 
contention window size as CWmin and AIFS.  The author found two problems 
using the above method: one is the static QoS parameters problem. When there is 
only one type of packets with the same low priority that are needed to be 
transmitted on the channel, the wireless stations still have to use a large CWmin 
according to the configuration for those packets with that priority, which leads to 
a big waste of idle slot time; the other problem is the overlapping area problem.  
The range of value of the contention window for packets with low priority is [0,x], 
and that of the contention window of packets with high priority is [0,y].  Although 
x>y, they still have overlapping areas, and it causes the packets with low priority 
to have some probability to be transmitted before those with higher priority. 

Having analyzed the two problems, the author proposes the following 
backoff method: 

Backoff value = DOV[i]  1)CW[i]uniform(1, ++  
DOV [i] = [ ] 1)1( −+ −DFPFiCW  

Here, DOV denotes Dynamic Offset Value. Higher priority traffic has 
smaller CW, which leads to smaller DOV.  

DF denotes Dynamic Factor, which is used to adjust the decrement of CW.  
An obvious advantage of this algorithm is that, when there are two stations, 

one with DOV=0 and one with DOV= CW[i], the first one can always transmit 
before the second one. 

The algorithm improves the system performance.  For example, if we have 
the groups of parameters: PF=2 and DF=2, CWmin=63 for FTP; DF=3, 
CWmin=3 for video traffic and DF=4, CWmin=15 for voice traffic, the overall 
throughput is improved by 9% and the latency is also improved. For EDCF, the 
packet latency increases following the order of priorities: voice, video and FTP. 
Different TCs have different latency distribution. The proposed scheme causes 
slightly more latency to voice and slightly less latency to FTP.  
 
3.2.7 BTPS 

In [5], a different scheme, BTPS is proposed.  Using Busy Tone Priority 
Scheduling, two additional small Busy Tone physical radio channels are needed, 
i.e. BT1 and BT2.  Each of these two additional channels takes only 1% of the 
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total channel bandwidth. The scheme supports only two priorities, one high level 
and one low level. The procedure is as following: 

1. High priority stations send BT1 signal (duration of 5us) every M slots 
during the backoff stages.  There should be at least one slot time interval between 
two consecutive busy tone pulse transmissions so that these stations have a chance 
to listen to the data channel. 

2. Stations that sense BT1: High priority stations simply disregard BT1. 
Any other station that senses a BT1 will send a BT2 pulse (duration of 5us) if it is 
not receiving a packet from the data channel, and will also defer its transmission 
of packets with low priority. Between two consecutive BT2 pulses, there should 
be at least one slot time interval to make sure that the stations, which transmit BT2 
after sending BT1, have a chance to receive packets from the data channel. 

3. Stations that sense BT2: High priority source stations disregard BT2. 
Others defer their low priority transmissions. 

4. Low priority stations: If busy tone is initiated every three slots by high 
priority stations, DIFS plus one time slot is used as the Interframe space for low 
priority stations, since DIFS is two and half slot time long in 802.11. Low priority 
nodes that wait for at least three and half time slots will sense the busy tone and 
defer their transmissions. 

5. In addition, for the high priority stations that are sending the RTS signal, 
they add a two-slot duration of “black burst” before the transmission of RTS. The 
“black burst” is used to occupy the channel.  Since a station could be the receiver 
of RTS of a high priority packet while it is sending BT1 or BT2, and it cannot 
receive while it is transmitting, this station will miss the RTS packet with high 
priority. The “black burst” solves the problem. After the transmission of BT2, a 
node will sense the data channel and begin to receive the signal. Because of the 
two-slot duration of “black burst” that is in front of the RTS packet, it can still 
receive the RTS packet correctly. 
 
 
 
 
 
BT1 channel           Data Channel (98% bandwidth) BT2 channel   
 
Figure 9 Busy tone channel 

The main idea of this method is trying to let the low priority station know 
that there are some high priority traffics pending so that they should defer their 
transmission. The use of two additional channels instead of one additional 
channel is to restrict the busy tone into a small spatial area. If the system can just 
broadcast the busy tone, it can only use BT1, and every station that hears the busy 
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tone simply repeats it. Then the whole channel will look like a broadcast Ethernet 
channel. In the absence of high priority packets, low priority flows can make full 
use of available bandwidth in BPS.  If the busy tone signal includes the priority 
level information, it can be used to support several priorities. But the collisions 
among busy tone signals and errors in them can cause data frame collisions or 
wastes of idle slots, too. And this algorithm does not help in reducing the number 
of collisions and the idle time when transmitting packets with the same priority. 
 
3.2.8 Synchronization and queuing 

Another totally different approach is proposed in [11] based on the Virtual 
clock technique. Before I start to describe the algorithm, let’s take a look at the 
Self-Clocked Fair Queuing (SCFQ). 

A virtual clock is maintained by the central coordinator, and v(t) denotes the 
virtual time at the real time t. Let P(k) denote the k-th packet arriving on the flow 
i. Let A(k) denote the real time at which packet P(k) arrives. Let L(k) denote the 
size of packet P(k), ф denotes the weight of the flow. A start tag S(k) and a finish 
tag F(k) are associated with each packet P(k), as described below. Let F(0)=0. 

1. On arrival of packet P(k), the packet is stamped with a start tag S(k), 
calculated as following: 
                  S(k)=maximum{v(A(k)),F(k-1)} 
                  F(k)=S(k)+L(k)/ф 
            2. Initially, v(0)=0. The virtual time is updated only when a new packet is 
transmitted. When a packet is about to be transmitted on the output link, the 
virtual clock is set equal to the finish tag of that packet. 
            3. Packets are transmitted on the link in the increasing order of their finish 
tags. 
An alternative approach is to calculate the start tag using the real time when the 
packet reaches the front of the queue. 
 

Then the proposed Distributed Fair Scheduling (DFS) protocol is as 
following: 

1.  Each transmitted packet is tagged with its finish tag.  
2.  When at time t, node “I” hears or transmits a packet with finish tag “Z”, 

node “I” set its virtual clock “v” equal to maximum(v(t),Z). 
3. Start and finish tags for a packet are not calculated when the packet 

arrives. Instead, the tags for a packet are calculated when the packet reaches the 
front of the station’s flow. 

    F(k)= S(k)+Scaling_Facotr*L(k)/ф 
4. Node “I” picks a backoff interval “B” for packet P(k) as a function of 

F(k) and the current virtual time “v” as following: 
                 B= floor {Scaling_Factor * L(k) /ф} slots 
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                 Finally, to reduce the possibility of collisions, we randomize the B 
value as: 
                  B= floor{B*ρ}, ρ is a random variable with mean 1, uniformly 
distributed in [0.9, 1.1] 
                  Set CollisionCount to 0. 
            5. If a collision occurs, 

Increase CollisionCounter by 1 
Choose new B uniformly distributed in [ ]indowcollisionwountercollisionc 12,1 − . 
Here, CollisionWindow is a constant parameter. 
If CollisionWindow is chosen to be small, the above procedure tends to 

choose a relatively small “B” (in the range [1, CollisionWindow] ) after the first 
collision of a packet transmission. 
           6. Then the actual backoff value is 
                B* =B       if B< Threshold 

= { })1( )(2
1

thresholdBkekthresholdFloor −−+ . 
                 K1, K2, Threshold are constants. For example, K1=1000, K2=0.002, 
Threshold = 80. 

The effect of step 6 is to compress a too large backoff interval, while 
preventing it from being too small using Threshold. 

The author presents the simulation results of the protocol, which show that it 
allocates bandwidth in proportion to the weight of the flows sharing the channel, 
and step 6 makes the throughput higher than that without step 6. 

Here, if we modify the algorithm to let it be independent of packet length, 
then use ф and Scaling_Factor as the priority factors, this algorithm can be able to 
support our QoS requirements, although it looks complicated.  The idea of using 
virtual clock has the effect of synchronization, which might be useful in some 
cases. 
 
3.2.9 Fair HCF 

In [13], a method to improve HCCA is proposed and it is very useful. This 
method deals mainly with VBR (Variable Bit Rate). In the context of HCCA or 
HCF, the base station allocates a fixed amount of time to stations and let them 
transmit some specific flows that demand fixed amount of bandwidth. This works 
very well when dealing with CBR (Constant Bit Rate) flows, such as MPEG4. 
The stations report information of current backlogged packets to the base station 
to let the base station decide the allocation of bandwidth for the next transmission. 
But when the traffic is VBR, such as H.261 videoconference flow, the station 
itself cannot predict the increment/decrement of the traffic during the HCF circle. 
So some kind of dynamic mechanism is needed to meet the requirement of 
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prediction. The author did some mathematical analysis before he derived the 
proposed protocol, called FHCF (Fair HCF). 

The author introduces a factor SI (Service Interval), which corresponds to 
the required duration between two consecutive polling of the same TS of a QSTA. 
So a superframe may be cut into several SI and QSTA are polled according to a 
round-robin polling algorithm during each SI. 
 
 
 
 
 
 
 
Figure 10 TXOPs in a superframe 
 
The amount of packets accumulated during one SI is: 
         

M
SIN ρ

= ,           M is mean packet size, ρ is the data rate 

Then the length of a TXOP(i) is: 
         )2( ACKSIFS

R
MNT ++= ,   R is the physical transmitting rate. 

The original estimation is good for flows with constant data rate or flows 
with a slowly changing rate, but is not good for variable data rate. 

Suppose that before the end of each TXOP, the packet queue of the station is 
not empty, which means that there are some packets left in the queue. The number 
of packets in the queue is denoted by eQ . The maximum delay of a packet is: 

       
ρ
MQTSID e+−=max  

Thus, we can increase T or decrease SI to reduce the delay. But decreasing SI 
will introduce more control overhead. 

Now we describe the proposed FHCP: 
         1. The QAP uses queue length information sent by the QSTA during its last 
polling to estimate queue length at the beginning of the next SI. 
         2. Compare this estimation to the “ideal” queue length idQ  at the beginning 
of the next SI to compute a TXOP length. 
         3. The QAP modifies this TXOP by redistributing the remaining extra time 
of CFP to the different QSTA according to the variations of the different flows. 
Since the QAP can get the queue length information from the last packet from that 
QSTA, the couple ( eQ , eT ) gives the queue length and the time point value. The 
estimation of the queue length at the beginning of the next TXOP of this TS is: 

EDCF EDCFB BTXOP2 TXOP1 …….. TXOP1TXOP1 …….. 

SI 1 SI 2 

Superframe
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    {Refer to [13] for explanation} 

So the ∆= Qid – Qest  is to be calculated. 
The author found that the distribution of VBR traffic could be modeled by 

Gaussian law. 
Then the author set        P*(∆)=2*G(∆), if ∆>=0,  

and P*(∆)=0 if∆<0 
The expected value of the variable |∆| is: 

 σ
π
2|)E(| =∆  

So, we can over-allocate slot time to the QSTA according to the mean value of 
several previous estimations |∆|, that is: 
  Qest= Qest+ mean(|∆|,w).   w is the number of recorded ∆. 
 Then the ∆est = Qest + mean(|∆|,w) – Qid  

To be able to fit the total restricted time bound, the author uses a factor β to 
adjust the total change amount of the allocated time so that it is within the range of 
some available spare time Tr. 
 
       Tp-Tn>Tr,  Tp is the sum of all the positive ∆, and Pn is the sum of all the 
negative ∆. 
       (1+β)*Tp-(1-β)*Tn=Tr 
 
Finally, the Tadd for the TS is: 
         Tadd= (1+β)* ∆est if  ∆est >=0 
                 = (1- β)* ∆est if ∆est <0 
 

The author suggests that the algorithm can also be used to redistribute time to 
the flows with different TSs within one QSTA. 

In my opinion, this algorithm gives us a good view of the behavior of HCCA 
and some possible ways of prediction. But the algorithm is too complex to use, 
especially computing the Qid, when the data rate of each TS is required. And the 
reason why use the absolute value of ∆ when computing mean ∆ is not clear. I 
think that we should use mean(∆,w) instead of mean(|∆|,w), letting the positive 
and negative variances have a different effect on estimation. Having considered 
the negative values, the middle value of the mean ∆ may be better. 

In addition, to make it a simpler method, I think that maybe we just predict 
the traffic by recording some history queue length and use the derivative of their 
difference as the modification basis.  The efficiency is the same.  
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3.2.10 AEDCF 

In [14], a method called Adaptive EDCF (AEDCF) is proposed.  In the paper, 
the authors mention that the backoff strategy of the 802.11 and 802.11e protocols 
have a defect, which is, after a successful transmission, the contention window of 
the station is reset to the CWmin, the minimum value.  Obviously, if the number 
of transmitting stations is large, the reduction of the contention window leads to 
the increasing of collisions. So the average collision probability is higher than that 
when using the mathematically optimal size of contention window.  And, to make 
the difference of priority schemes larger, they again propose to use different PF 
for packets with different priorities: 
 
            CWnew[i]=min(CWmax[i], CWold*PF[i]), PF[i]=2,3,4… 

 
The reduction of contention window is done by estimating the collision rate 

“f” of the transmission, as: 
 
f =  number_of_collisions / number_of_trasmission_attempt  

 
The number of collisions and attempts are collected during a fixed amount of 

time. 
To minimize the bias against transient collisions, the author uses a 

smoothing factor α to adjust f: 
         

    f= (1-α)*f(new)+ α*f(old) 
 
Next, for each priority i, there is a factor called Multiplication Factor, MF[i]: 
            MF[i] = min {(1+2*i*f), 0.8} 

The value 0.8 here is to make the size of the new contention window less 
than the previous one after a successful transmission. This value (0.8) is gotten 
according to an extensive set of simulations.  The use of factor “i” here is to let the 
packets with higher priority have a smaller contention window than that of the 
packets with lower priority. 
In the end, the contention window is adjusted to: 
           CWnew[i] = max {CWmin[i], CWold[i] * MF[i]} 

Simulation results show that AEDCF increases the medium utilization ratio 
and reduces the collision rate with more than 50%. When achieving delay 
differentiation, the overall Goodput obtained is up to 25% higher than that of 
EDCF; the complexity of AEDCF remains similar to the EDCF scheme, making 
the design and implementation of the hardware cheap. 
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In the paper, the author did not explain the mathematical basis of those 
formulas above, and we do not know if it is optimal; all the constant values used 
are from simulation results.  However, the idea of lowering down the reduction of 
the contention window is still efficient and inspiring. 
 
3.2.11 Dynamic tuning of contention window 

In paper [8], an interesting method is proposed, which is to dynamically tune 
the size of the contention window used in 802.11, letting it be the optimal size.  

The model is based on the assumption that for each transmission attempt a 
station uses a backoff interval that is sampled from a geometric distribution with 
parameter p, where [ ] 1

1
+

=
BE

p , E[B] is the average backoff time.  Also, the E[B] 

can be approximated by [ ] [ ]
2

1−
=

CWEBE , E[CW] is the average size of the 

contention windows in each station in the system.  So p is denoted by the equation: 
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+
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p , or, [ ] 12

−=
p

CWE .  

The author devises an iteration algorithm, using the above assumption, to 
estimate the average size of the contention windows which one station should use 
in the standard 802.11 protocol. Simulation results and calculation results match 
perfectly, which, in my opinion, shows the validity of the above assumption. 

Based on the assumption above, and through some algebraic manipulations, 
two important equations are gotten as follows: 
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E[Nc] denotes the average number of collisions before one packet is 
successfully transmitted.  

E[idle] is the number of idle time slots a packet suffered.  
The equation, actually, represents the collision probability divided by 

success probability. 
It is proved by the author that in the ideal maximum equilibrium state, the 

E[Nc] is less than 1 and pmin which achieves the maximum throughput is less 
than 1/(n+1).  It is observed by simulation and analysis that when the average 
packet size is fixed, the value of n*pmin is almost constant.  So we must try to find 
the relation between n, pmin, and packet length, to be able to tune the size of the 
contention window at runtime. The throughput formula is as following: 
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Suppose that we have already gotten the pmin by some way, then we can get 
the optimal size of the contention window from E[CW] = 2/p – 1  and the 
following formula  with a smoothing factor to let the changing of the contention 
window not to be so sharp: 
      )12)(1(_*_

min

−−+=
p

cwcurrentcwcurrent αα , α is the smoothing factor, ex. 0.9 

Unfortunately, the author did not mention the algorithm used to estimate the 
pmin.  But the number of stations in the system and the average length of packets 
can be gotten by observing the history traffic in the system. 

As long as we know the optimal pmin, we can estimate the number of the 
stations in the system using the formula: 
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Still, to avoid sharp changes in the estimated value of n, the author adopts a 
smoothing factor α=0.9 

Estimated_n =α * estimated_n + (1-α) * n-old 
 

This paper gives us a good understanding of the 802.11 protocol and the way 
of dynamic tuning. The analyses are quite inspiring and helpful in my research. 
For detailed proof and analysis of above formulas, please refer to the article 
directly [8].  
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4 ANALYSIS OF THE PROPOSALS 

4.1 New MAC method proposals 
In this section, I briefly describe two methods I propose for improving the 

overall performance of the 802.11 protocol and the QoS performance of 802.11e 
protocol. They are: Practical Contention Window Adjustment (PCWA) and 
Adaptive Initiative Polling Machine  (AIPM). 

PCWA 
Based on some existing mathematical analysis of the DCF protocol, we can 

obtain the optimal contention window size for all stations in the system saturation 
mode.  There are some contention window adjustment algorithms for tuning the 
contention window size to be optimal.  All those algorithms only handle the 
situation when all stations are in saturation mode and each station has an equal 
amount of packets as others do. Those algorithms themselves are not so easy to 
implement due to the complexity of the WLAN.  By a further observation of the 
mathematical analysis, I have found a simple method. The wireless stations need 
to observe and record the number of idle time slots before each transmission 
attempt happens. If the average number of idle time slots is bigger than a certain 
threshold, it means that the channel is lightly loaded; if the average number of idle 
time slots is smaller than a threshold, it means that the channel is heavily loaded. 
According to the estimation, the stations can reduce the size of their contention 
windows when the channel is lightly loaded and enlarge the size of their 
contention windows when the channel is heavily loaded. This helps improve the 
performance in all situations.  It can also be used to deal with QoS. But the QoS 
performance is not always good without any further tuning of the contention 
window size. I will discuss it in section 4.2. 

AIPM 
The wireless station cannot achieve perfect performance without observing 

the change of the traffic pattern on the channel.  There is no “Universal 
Algorithm” at all. Having investigated the HCF protocol and the EDCF protocol, I 
think the perfect performance can be achieved by applying HCF to the 
Differential Service, not only to the Integrated Service as mentioned in the 
proposal in the current draft.  I use an intelligent scheduler in the base station. It 
predicts the occurrences of all the packet flows in each station based on the 
inter-frame period and packet length of each packet flow. Then the base station 
tries to poll the corresponding station at the packet creation time of the flow for 
the packets. There is no contention between each station, the base station decides 
who transmits first. The obvious benefit is that the complexity of the algorithm is 
only within the base station and the packet delay is minimized for regular packet
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flows. The normal stations are just as simple as the 802.11 stations. The 
performance of the system is almost perfect. I will discuss it in section 4.3. 
 
4.2 Practical Contention Window Adjustment for DCF 
4.2.1 Problem description 

In 802.11 DCF, the free contention mechanism makes the whole system as a 
distributed system, which is simple, but at the cost of a big waste of bandwidth.  
Many people have done a lot of work trying to adjust the Binary Backoff 
algorithm, by modifying the size of the contention window according to the 
current number of transmitting stations and also to the collision probability of 
each transmission.   

The wireless station can get some information of the channel situation by 
observing the passing packets or get the information from the base station. This 
information consists of: 

1. The number of registered wireless stations in the current BSS. 
2. The number of neighboring transmitting stations, including those in 

other BSS. This number is gotten by recording the source address in the 
packets. 

3. The number of collisions suffered by itself 
4. The approximate number of transmitting attempts during some period 
5. The number of channel idle/busy slots during some period. 
6. The number of idle slots before each transmission attempt happens. 
 

Some algorithms for adjusting the size of the contention window are 
mentioned in [6][7][8]. For example, if we get the information about the number 
of transmitting stations and the average probability “p” for a station to transmit in 
a randomly chosen time slot, we can calculate the optimal contention window size 
for each station as following: 

TnWopt 2=          [6] 
 Here, n is the number of transmitting stations and T is the time cost when a 

collision occurs, measured in time slots. 
 
On the other hand, in [7], the author suggests, that during some period B, the 

station tries to record the number of transmission collisions c(B) caused by other 
transmissions. Thus, after some approximation and iteration processes, by 
estimating the number of transmitting stations, the author can gradually adjust the 
contention window size of the wireless station to be optimal according to the 
formula mentioned above. 
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In [8], the author claims that we can estimate the average transmission 
probability “p” of the whole system, and then we can obtain the optimal size of the 
contention window according to the following: 
            12

−=
p

Wopt          [8] 

But in both methods above, there are difficulties when recording the history 
traffic information.  

For the first method, c(B) is hard to get because the station cannot always 
hear the signals from others, and if there is some transmission errors in the system, 
the station will think that a collision has happened. (The ways of detecting a 
collision for the station is to receive a transmission and calculate its checksum or 
the timeout for a reply of CTS. If the checksum is wrong, it means a collision has 
occurred).  For example: 

1. If two stations, C and D, transmit an RTS at the same time, another 
station A may not be within the range of the physical signals of C and D. 
But A is within the same BSS of a station B, and the transmission 
between station A and station B requires the silence of station C and 
station D. So station A needs to take into account the affection caused 
by stations C and D, too. 

2. If a station sends an RTS to station A, but the channel got some 
interference, the RTS frame is damaged. Then station A may think that 
there is a collision on the channel. 

The following Figure 11 shows the situation of station A: 
 
 
 
 
 
 
               
 
 
 
 
 
 
 
                                                   (1)                                                   (2) 
Figure 11 Under-estimation and over-estimation of collision 
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For the second method, since the probability of transmission in a randomly 
chosen time slot cannot be directly detected, it takes a large amount of time to 
observe the channel by recording the number of collisions and transmissions on 
the channel. It is also difficult to estimate the transmission probability “p”.  

Also, most analysis results or adjustment methods are obtained under the 
following important assumptions: 

1. The system is in saturation state. 
2. Each station has the same transmission probability. 
3. Every station can hear from all the transmitting stations.  
4. Every station has the same size of the contention window. 
5. The timing of the protocol is strictly implemented in the station according 

to the standard.  
6. Do not take into account the latency of the packet. Only care about the 

throughput. 
7. There is no physical signal noise in the system. 
8. The network hardware has the ability of doing complex mathematical 

calculations. 
 

Unfortunately, those assumptions are not always practical. 
Here, I propose a brief and easy method (Easy Contention Window 

Adjustment) to gather the network traffic information, and based on the 
information, the wireless station can adjust its contention window to be optimal 
without complex mathematical computations. The mathematical calculation of 
my method is based on the analysis results in [6][7][8]. 

 
4.2.2 Analysis 

I still suppose that the transmission probability of a station in a randomly 
chosen time slot is “p”.  “p” is the parameter of the geometrical distribution. I will 
try to find out the average number of idle slots before a transmission happens. 

Let n denote the number of the stations in the system. The probability for all 
the stations in the system being idle in a randomly chosen time slot is: 

npq )1( −=  
Then, from the definition of the geometric distribution, I get the mean 

number of idle slots: 
[ ] ∞→−++−+−+−= mqmqqqqqqqidleE m ,)1(.....)1(3)1(2)1(1 321  

I multiply the formula at both sides by (1-q). It gives: 
[ ] ............)1(3)1(2)1(1)1( 432 +−+−+−=− qqqqqqidleEq  

Subtracting those two equations, I get: 
[ ] [ ] .............)1()1()1()1( 32 +−+−+−=−− qqqqqqidleEqidleE  
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Finally, I get 
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So, if I know the parameter p, by calculation I will get the average number of 
idle slots before a transmission. It is especially easy for a station to detect and 
calculate the number of idle slots before any transmission no matter what the 
signal is. The station can begin its calculation as soon as it detects a signal on the 
channel; it does not have to wait until the whole packet is received. After some 
period, the station can calculate the average number of idle slots per transmission, 
including the transmission initialized by itself. 

The problem is, we still do not know the magic “p”. 
Thanks to the research result from [6], I get the following: 

 if all the stations have the same size of contention window, the relation 
between p and W is: 

1
2
+

=
W

p [6] 

And the optimal contention window size is approximately: 
12 −= TnWopt [6], T is the collision time cost, measured in time slots. 

Let’s suppose that all the stations are using the same optimal contention 
window size. Then I can easily solve the “p” from above: 

Tn
p

2
2

= [6] 

Now the “p” depends only on “n” and “T”.  “T” is a fixed number defined by 
the protocol and the physical transmission rate. “n” can be gotten from some 
control frames containing that information from the base station, or by observing 
the passing by packets on the channel.  But in the case mentioned in Figure 11, the 
station still will under-estimate the situation. In the case that the transmission 
probability of each station is not the same, i.e., some stations are busy, some 
stations are idle for that moment, the estimation is still not accurate. 

Let’s consider the equation npq )1( −= . I get: 
n

Tn
q )

2
21( −=  

Since the part 
T2
2− is a constant, let K denote it. So I get: 

n

n
Kq )1( +=  

This is a simple formula, which can be simplified when ∞→n . 
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Fortunately, I get a constant!!! 
Suppose we are using 802.11a standard, then: 

sslotTimess
Mbps

bitsRTSsHEADERPHYsDIFS µµτµµµ 9_,0,10
16

8*20,24_,34 ======

 
So, I finally get the constant for 802.11a:  

5556.7≈T time slots,            5978.05145.0 =≈ −eq  
[ ] 4863.1≈idleE  

I got this constant using approximation supposing that the number of the 
stations is very large. I found that when the number of stations is more than 10, 
then the non-approximated value of the number of idle slots is almost 1.4. Even 
when the number of the stations is 4, the difference between non-approximated 
and approximated values is only about 0.1. 

Simply speaking, the station only has to observe the average number of idle 
slots before a transmission. The reaction is to enlarge the size of its own 
contention window if the number of idle slots is smaller than the constant, or 
shorten the size of the contention window in the other case. This method is quite 
practical for implementation, because in network card implementation, the 
memory resource and computation time are very scarce and expensive. So the use 
of a simple method can cut down the cost of implementation of the hardware 
significantly. 
 
4.2.3 Other considerations 

We have discussed in the first section of this chapter the other methods for 
dynamic tuning of the contention window. My algorithm still has some restriction 
or deficiency, but it is still better than others. I can explain as following: 

My advantages are: 
1. The algorithm can be used when the system is in the non-saturation state.  

The algorithm does not count the number of transmissions or number of 
busy slots during some period. If the system is not saturated, there will 
be more idle slots before each transmission, and all the stations can 
observe it and thus reduce their contention window size. 

2. Each station does not have to calculate the transmission probability and 
then restrict its transmission. If one station has fewer packets to transmit, 
it will cause larger number of idle slots. 

3. Acuity to the traffic situation.  If in some short period, the channel 
becomes not so busy, those greedy stations can shorten their contention 
window size rapidly and use the available time slots. 
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4. Not sensitive to the number of stations in the BSS. There is no parameter 
of the number of the stations in my algorithm. The change of the number 
of the stations has the same effects as the change of the transmission 
probability of the existing stations. 

5. Adaptive to burst noisy signal. The algorithm does not need the 
information in the received packets. The noise on the channel can be 
regarded as a transmission. So the noise source is another transmission 
station. Intuitively, my algorithm can enlarge the contention window 
when there are too many noise signals on the channel, but reduce the 
window size during the time when there is no noise signal. 

6. No computation cost at the station. 
7. Small size of the contention window reduces the latency of the packets. 
8. Adaptive to the exposed station problem. The station adjusts the size of 

the contention window according to the behaviors of all the stations 
around it. 

9. Adaptive to different protocol implementations. As the number of idle 
slots is a constant, we can find out the constant by mathematical 
calculations, or by experiments. For different practical implementations 
of the protocol, the timing mechanism could be a little different, which 
would cause a different value of the number of idle slots. In this situation, 
finding out the value by experiment is a better way. 

Restriction: 
There is still a problem in the algorithm. The station cannot take into account 

the signals sent by those stations that are in the same BSS but far from it, as 
mentioned in Figure 11(1). The possible solution is, when the station suffers too 
many collisions, it correspondingly enlarges the contention window size as well. 
The collision probability when the station transmits is expressed as: 

))1(1( 1−−−= nppC  
This is not the case in which I can do simplification without knowing the 

number of transmitting stations as I did before. 
But, if I know the number of stations in the BSS from the base station, and take it 
as a maximum limit, then the result is simple. 
Suppose 1, <<∞→ pn , then  
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If the number of stations is larger than, say, 5, the difference between the 
approximated and non-approximated values of collision probability is tiny. I can 
use the new equation to approximate the maximum collision probability of one 
station when it transmits. Even more, if the system hardware can have a small 
table of pre-calculated collision probabilities (for 1 to 100 stations, for example), 
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it can help a lot to prevent the station from using too much bandwidth when there 
are some hidden stations. 
 
4.2.4 Possible use for QoS 

In the current 802.11e proposals, people suggest to use AIFS for different 
priority traffics, as well as different sizes of the contention window. The use of 
AIFS increases the average number of idle slots before each transmission and has 
the same effect of using a bigger contention window. So, AIFS doesn’t seem so 
necessary when contention window sizes are different. The AIFS is useful only 
when there is a packet with low priority about to be sent. Before decreasing its 
backoff counter, the station defers an amount of time equal to AIFS, which is 
longer than DIFS. This gives the packets with higher priority larger chance to be 
transmitted first. But the method also wastes a lot of slot time. And the station 
cannot always hear every transmission on the channel. Such method may not be 
practical. Refer to [3] for the explanation of AIFS and its usage. 

The possible use of my method for QoS is to find the optimal contention 
widow size for the highest priority, say CW(0) for priority 0. The next priority 
uses a bigger size of the contention window to reduce the transmission probability. 
According to the traffic pattern, for example, the number of stations with each 
priority, people can try to find the best distance between CW(0) and CW(i) in 
order to achieve maximum throughput and minimum latency. But such kind of 
adjusting method is to be researched more. 
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4.3 AIPM  
4.3.1 Problem description - Contention cost 

In chapters 1 and 2 we have described some channel access algorithms that 
use the “free contending mechanism”. According to those algorithms, each station 
contends for the channel by using an RTS frame of a small length instead of a long 
data frame, hoping that the probability of collision is low and the collision time 
when a collision happens is small.  

The benefit for the contention mechanism is that it is an easy way for 
distributed control, although it is not for the throughput. In the contention 
mechanism, no matter how optimal the Back-off algorithm is, there will be a big 
waste of bandwidth due to collisions when stations contend for the same time slot. 
According to the analysis in paper [6], the collision probability in a randomly 
chosen time slot is  

1)1()1(1 −−−−− nn pnpp ,  where “p” is the transmission probability of a 
station in a randomly chosen time slot, 

“n” is the number of the stations in the 
system. 

In the case when ∞→n  and supposing the optimal value for 
Tn

p 21
= [6], I 

simplify the equation significantly and get the collision probability as almost a 
constant: 

)/21(1 /2 Te T +− − , where “T” is the collision time cost, measured in time 
slots. 

In case that T is 7, the value is about 0.1 for the above equation. In the 
saturation state of the system, the optimal collision probabilities in a time slot are 
the same no matter how many stations are in the system. 

Additionally, according to the analysis in chapter 3, the approximated 
collision probability for a station when it is transmitting is 

n
2069.0 . In the whole 

system, when a transmission happens on the channel (no matter it is a successful 
one or a collision) the average collision probability is 0.2069, which is a constant. 
And for each transmission, the average number of idle slots is 1.422. So I can 
roughly calculate the optimal throughput within a fixed amount of time testT . 
Suppose that “S” is the number of transmissions that occur in testT , E(p) is the 
packet length measured in transmission time units, σ is the slot time, rtsO  is the 
MAC overhead, then: 
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The only way for us to improve the Goodput is to let the payload E(p) as 
large as possible in each successful transmission. Thus, it reduces the proportion 
of time spent in the collision period and increases the time spent in the successful 
period. But, since I cannot enlarge the payload size as big as possible, due to the 
network traffic character and the physical channel error rate, the waste of 
bandwidth is still very large. For example, according to my experiment, I use the 
802.11a standard, with the bit-rate of 16Mbps, a constant packet size of 512 bytes 
and 10 stations. Each successful transmission takes 477 µs, and I get 96938 
successful transmissions in 50 seconds. Then the proportion of time the system is 
in the successful transmission state is about 92.5%, while the payload time is 
49.65%. This shows, that a huge amount of time is wasted on collision and MAC 
layer overhead. Figure 12 shows the situation. 

In the 802.11e standard, I must also solve the problem of treating packets 
differently according to their priority levels. The current EDCF method is just 
using more idle slots for the packets with low priority, which wastes a large 
amount of bandwidth. For example, in chapter 2 we have discussed some 
modifications of EDCF, which help improving the service quality for the packets 
with higher priority by lowering down more the service quality of the packets 
with low priority. In those algorithms it is assumed that the system bandwidth is 
big enough to meet the needs of all the stations, including the cost of idle slots and 
collision time. The methods cause the packets with low priorities suffer a lot, and 
do not help improving the total system throughput. Figure 13 and Figure 14 show 
the situation. 

Suppose I only use the RTS/CTS frame exchange sequence, and the 
overhead for the RTS/CTS mechanism is 200 µs. If I run the system at the bit-rate 
of 36Mbps, the proportion of the payload time for the packet size of 510 bytes is 
about 36%. Comparing the original usage rate, 10%, I must do something to cut 
down the waste. When the packet size increases to 2312 bytes, the proportion of 
payload time reaches 72%, which is very good, even when the system runs 802.3 
and the CSMS/CD. 
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The advantage of 802.3 is that although it does not use the RTS/CTS 
mechanism, the station can detect the collision and cease the transmission as soon 
as possible, thus reducing the time cost of the collision. The backoff algorithm is 
almost the same, but it can still achieve high throughput. In the case of Wireless 
LAN, we cannot use “collision detection”. The ”exposed terminal” and 
the ”hidden terminal” problems force us to use the RTS/CTS protocol, which has 
more overheads. 

 
 
 

Figure 12 Channel utility 
 
 
 
 
 
 
 
 

Figure 13 More waste of idle slots 
 
 
 
 
 
 
 
 

Figure 14 Contention window size cause waste of idle slots 
 

 
4.3.2 Some impractical solutions 

4.3.2.1 Sub-channel 
In EDCF different priorities use different contention window sizes and 

different AIFS values. Those AIFS values cause extra wastes of time, especially 
when the packets with high priority are not so many. Those values are fixed 
according to the definition, which makes it complex to tune the system into an 
optimal state in different situations. 

Suppose, I can separate the physical channel into several parts, called 
sub-channels, each part servicing packets with a specific priority. With this 
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method, I can easily use my ”Practical Contention Window Adjustment”, 
mentioned before, to tune each sub-channel system throughput to the theoretical 
maximum value. This also makes it easy for us to manage the system. But in the 
method there is an obvious problem, which is how to allocate the bandwidth to 
different sub-channels. The Internet does not have a fixed traffic pattern, neither 
has the local network system. The absence of packet flows with a priority will 
cause the waste of the whole corresponding sub-channel. The whole throughput 
of such a system would not even be as good as that when using the original EDCF. 
The system hardware cost is also high in such a Frequency-Division system. If the 
system hardware has the ability of changing the amount of the bandwidth for each 
sub-channel, giving more bandwidth to more busy channels, and on the other 
hand, reducing the amount of the bandwidth for other idle channels or other low 
priority channels, I can tune the system according to the system situation, meeting 
the QoS requirements and letting it run in the optimal state. But this requires very 
much advanced system hardware techniques and time synchronization. I do not 
think this kind of technique is practical. 
 
 
 
 
 
Figure 15 Dynamic change of bandwidth 
 

4.3.2.2 Virtual channel 
Another way to separate the system bandwidth for different priorities is to 

use the Time-Division method. I called it Virtual Channel system.  
During a super-frame period, I divide it into small pieces. In the beginning of 

the super-frame, I put a Beacon frame, which announces the beginning of the 
period, and each station must receive it. Then within the super-frame, the base 
station can announce the start point of the period for the transmission of priority 7, 
and next, priority 6, next, priority 5, etc. Within each period, depending on the 
traffic type, each station may be allowed to transmit once or more times. The 
length of each period is tunable and the base station controls it by using the begin 
tag and the end tag. During each period, those stations that have packets with the 
priority from the begin tag use the Binary Back Off algorithm to contend with 
each other for the channel.  Thus, with some algorithm, each station can tune the 
size of the contention window to be optimal, and try to meet the bit-rate and 
latency boundary of the QoS requirements of that priority. The following Figure 
16 shows the structure of the super-frame. 
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Figure 16 Virtual Channel and Super-Frame 

 
In this figure, the ”B” part is the beacon frame, the beginning of the 

super-frame. ”HCF” is used for the Integrated Service period, for each registered 
flow. When the base station wants to begin transmitting packets with priority 7, it 
broadcasts a beginning frame “V”, indicating the start of the virtual channel 7. 
When it is time to transmit packets with other priority, for example, priority 6, the 
base station will announce a start of priority 6 period with another beginning 
frame. Thus, each station knows when to start action, and when to end the action.  
With this method, the base station can fully control the bandwidth allocation by 
announcing the “V” frame. The sending of the “V” frame also uses the contention 
method with contention window size of zero and PIFS to seize the channel in 
order to ensure a fast announcement. 

But the wireless environment isn’t that good to let every station hear the “V” 
frame all the time, so some stations may solve the problem by listening to the 
traffic in the current BSS (ignore the signal from other BSS). Those frames, say, 
RTS and ACK frames, should contain the priority information of the data frame. 
If the station did not hear the “V” frame, it will not know the start of another lower 
priority channel.  But by hearing that some stations in the same BSS are 
transmitting packets with another priority, the station knows that the other 
sub-channel has begun. As the station could be very far away from other stations, 
it may not be able to hear from others. But anyway, it can hear from the base 
station, so the priority information in the CTS and ACK frame will let it know 
which virtual channel it is in. 

Perhaps in Figure 16, the service interval is too large for the priority 7. Audio 
traffic (priority 7) demands low latency but small bandwidth. The station must 
announce the beginning of the V7 sub-channel more often within a super-frame, 
according to the number of audio flows and the amount of packets in each flow.  

Suppose the bit-rate of the each audio traffic is Mbps0368.0=ρ , the number 
of stations that are transmitting audio flows is N, the maximum latency for each 
audio packet is τ , then the service interval must be smaller thanτ to guarantee that 
there is no packet dropping. Since in contention mode, the channel efficiency 
depends on the packet size and the collision probability that causes the waste of 
the bandwidth. If we are lucky, the channel efficiency could be 50%. So the time 
we need for a single audio packet transmission is 

B
N *2 ρτ , where B is the channel 

data-rate, *τ is the ideal latency we want to achieve, “2” counts for the channel 
efficiency of 50%. The service interval, “SI”, is expressed in the formula: 

B HCF P7 P6 P3 ......... ..... P0 V7 V6 V3 V1 V0 V7

Service interval of priority 7 traffic 
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τρτ
≤≤ SI

B
N *2 , ττ <*  

Because we are using the contention channel access method, we still cannot 
guarantee the latency *τ in some bad cases. The actual maximum latency might be 
larger than *τ . 

The number of sub-channels for each priority and the channel length are 
decided totally by the base station. If the number of stations with high priority is 
too large, other stations with lower priorities may not have time to transmit at all.  

In the previous section, I discussed the idle cost and the collision cost of DCF. 
The ideal cost and efficiency for the virtual channel algorithm is just as much as a 
normal DCF, in terms of throughput. The base station has the full control of the 
allocation of the virtual channel, so the QoS performance also depends on the 
bandwidth allocation algorithm, not only on the contention algorithm. This is the 
advantage of the method. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 17 Virtual channel and overlapping BSS 

 
It should be strictly forbidden that two base stations are within the 

transmission range of each other when using this method. It will cause big 
interference when sub-channels with different priorities apply at the same time. 
The performance will decrease significantly, when different priorities occur in a 
single sub-channel (at the same time), due to the asynchronous states of the two 
BSS, especially when the “V” frame on the channel is destroyed for some reason 
(the other stations lose the synchronization with the base station). Figure 17 
shows the situation. 

In summary, the virtual channel algorithm is good at improving the total 
throughput of the system, adjusting the QoS performance by the bandwidth 
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allocation algorithm of the base station. But it is fragile to interference, especially 
when two BSS overlap. In such case, the stations with high priority must contend 
with the stations with low priority. 
 

4.3.2.3 Default order of transmission 
In DCF, the contention cost (idle and collision) is huge when the packet size 

is very big. I hope I can still make full use of the bandwidth in a wireless system, 
although the physical channel condition is not as good as in the wired channel. 

In [16], the author said that the station could broadcast the backoff value for 
the next transmission, so that the other stations can avoid choosing the same 
value. 

Such algorithm is basically a global transmission order system. If each 
station can hear from any other, it will always know who will transmit in the next 
slot. The station then would choose another backoff value, which someone hasn’t 
chosen. If the backoff value has been already chosen by another station, the 
station can choose another value that is as small as possible. From the viewpoint 
of the whole system, it is almost a global queuing system. 

In a BSS, before each station can transmit, it must register itself to the base 
station and get a registration number back. The number exists during the whole 
lifetime of the station in the current BSS until the station un-registers itself. 
Obviously, the registration number could be used as a transmission order number 
to decide the order of using the physical channel. Together with the virtual 
channel algorithm, the idea works as following:   

 In the beginning of each sub-channel time period the stations must 
report to the base station if they have some packets to transmit. The 
base station, upon receiving the information, broadcasts a message that 
contains the information of the queue position for every station. The list 
of positions in the queue is a group of sorted registration numbers of the 
stations. A station could start transmitting when it finds that the station 
that is in front of itself has finished its transmission. 
 Since each station is using the RTS/CTS frame sequence to 

communicate with the base station, all the stations in the BSS can hear 
either the RTS frame or the CTS frame. Thus, every station knows 
when the transmission ends.  
 A station only has to observe the behavior of the station that is just in 

front of itself in the transmission queue.  
 In the case when a station sent an RTS to the base station, but the base 

station did not hear it due to some interference, a timeout of 
DIFS+RTS+SIFS+CTS applies, and the next station can begin 
transmission, skipping the previous station in the queue. This means 
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that if a station fails to transmit at the time when it is its turn, it loses the 
chance within the present round. 
 In the case that the base station sent out an RTS, but did not get any 

reply, after a timeout of SIFS, the base station also loses the 
transmission opportunity, and the next station in the queue grasps the 
channel control after the time of SIFS+CTS+SIFS after the first RTS 
frame. 

The following figure explains the algorithm: 
 
 
 
 
 
 
 
 

Case 1 
 
 
 
 
 
 
 
 

Case 2 
Figure 18 Switching transmission opportunity  

 
According to the above idea, I can develop a new algorithm, which does not 

waste time on contention. I call it Virtual Token algorithm. 
First I list the rules, and then I explain them afterwards. 
1. Reserve some DCF periods for the lowest priority traffic. 
2. The base station broadcasts the bit-map frame as the start of a 

sub-channel for a priority. The frame contains the MAC address list of 
the stations that want to transmit in the sub-channel. Those stations must 
transmit one by one in order according to the list. 

3. Registration. The station ”registers” the priority information in the DCF 
period, using a small contention window size. The registration frame 
contains only the priority information. 
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4. Un-registration. If the station does not transmit for some period, for 10 
seconds, for example, the registration for that priority traffic expires 
automatically. 

5. In each turn of the transmission, one station has one opportunity to 
transmit. If the transmission of the station fails for some reason, then it 
does not have a second chance. 

6. Use SIFS as the only inter-frame space, instead of DIFS. 
7. The station decides when it is its turn to transmit by observing the DATA 

frame (if the base station initiates the transmission) or the CTS frame (if 
the station initiates the transmission) from the base station. The frames 
contain the MAC address of the wireless station that is also in the 
bit-map frame list. They also contain the duration information, so the 
station knows when the session ends. 

8. If from the end of a transmission, there is an idle time of 
SIFS+RTS+PIFS, the next station in the waiting queue knows that the 
station that is in front of it has failed to transmit or has nothing to 
transmit. Then it is its turn to transmit. 

9. Apply the above rule continuously. If there are N such spaces after a 
transmission, the station knows that the previous N stations have failed 
to transmit. Then it is also its turn to transmit. 

10. The station gets re-synchronized after every successful transmission on 
the channel. 

11. The base station also uses the same rule to determine the end of a 
transmission session. 

The algorithm works within the skeleton of Virtual Channel. In the priority 0 
sub-channel, I only use the traditional DCF algorithm. This gives the packets with 
low priority some opportunity to be transmitted. Within other sub-channels, my 
algorithm is applied. This explains rule 1 and rule 3. 

The algorithm uses the bit-map frame as the beginning of a sub-channel. This 
explains rule 2. 

To be able to broadcast the bit-map frame, the base station must know the 
information of which station wants to transmit packets with that priority.  This 
explains rules 3 and 4.  

The explanation of rule 5 is: the second transmission opportunity causes 
confusion in other stations and destroys the synchronization among the stations.  

To save idle time, when one station gives up the transmission opportunity, 
the algorithm tries to use a small inter-frame space. This is why it only uses SIFS 
in rule 6. 

The wireless station can always hear the signal from the base station. So, if a 
wireless station initiates the transmission, other stations can always hear the CTS 
frame from the base station. When the base station initiates the transmission, other 
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stations must hear the presence of the DATA frame from the base station, to 
ensure that the conversation has been built up successfully. This is for rules 
7,8,9,10,11. Please also refer to Figure 18. 

 
 

 
 
 

(1) Other station initiates transmission 
 
 
 
 

(2) Base station initiates the transmission 
Figure 19 The time wasted when transmission is not successful 

 
Unfortunately, the plan has some big defects. It is not workable at all. 
First, it demands strict time synchronization.  When there are some absences 

of transmission, other stations must count for the idle time until another 
successful transmission happens. In the case of big interference in the physical 
channel, the timing can be totally destroyed. Such situation can also occur when 
several BSS are overlapping.  This is a very serious problem.  

Second, it is not compatible with the 802.11 protocol. In the system that 
contains both new stations and legacy stations, when there are some big idle 
spaces caused by some stations that give up their opportunities, as Figure 19 
shows, those legacy stations in the system will think the channel is idle and begin 
the contention procedure for the channel. This also destroys the synchronization 
of the sub-channel.  

Third, the number of packets from the base station to other stations may be 
much bigger, but the base station has the same transmission opportunity as a 
normal station.  This might be solved by some modifications of the protocol. 

Fourth, when one transmission attempt fails, the corresponding station must 
wait for the next opportunity in the next sub-channel. This causes large delay of 
the packets. In order to keep the strict timing, the station does not have a second 
chance to transmit in the sub-channel. It gives up the opportunity to the next 
sub-channels with lower priorities. This is against the QoS disciplines and causes 
the validity of a big amount of packets to expire. 

We have seen that, in the context of wireless channels, the situation is very 
different from the wired environment. The severe environment forces us not to 
use the default timing order or other non-costly algorithms. It seems they are all 
not practical.  
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4.3.2.4 Traffic estimation 
In 802.11, all the packets are sent from/to the base station. The base station is 

the conjunction for all the wireless stations in the BSS. Stations are not allowed to 
communicate with each other directly. So, the base station has the advantage to 
record the history traffic information. For a fixed amount of time, the base station 
can observe all the packets sent from other stations to itself, calculate the average 
bit-rate of the specific priority of each station and the estimated bit-rate varying 
for each packet flow, like the method mentioned in FHCF[13]. 

To run the virtual token protocol, the base station must know in advance the 
number of the packet flows and the number of the transmitting stations with each 
priority, and the estimated bit-rate of all the priorities. Together with the HCF 
period, the base station must pre-arrange the share of the bandwidth for each 
priority and the service interval for each packet flow within one super-frame. It is 
not a big problem for the calculation in the base station, for it is a central 
controller with the functions that other stations do not have. For example, within 
the base station, there must be some tables, recording all the traffic information 
for each station. 

Priority 
bit-rate / 
station 

7 6 5 4 3 2 1 0 

1 0 0 0 0 0 0 2.22 0 
2 0 0 0 4.07 0 0 1.3 0 
3 0.012 0 0 0 0 0 3.01 0 
4 0.0638 0 0 0 0 0 2.32  
... ... ... ... ... ... ... ... ... 

Sum ... ... ... ... ... ... ... ... 
Number of 

stations 
2 0 0 1 0 0 4  

If the base station maintains several such tables, it will be able to estimate the 
varying bit-rate for a station and the amount of the bandwidth it needs. 

Here, I can use a simple estimation algorithm. I call it the Delta Estimation 
algorithm: 

 For each certain amount of time D, the base station records the 
information according to each passing packets with every priority 
(transmission time and packet size). Or instead, in order to have more 
accurate information, the base station lets each station submit its report 
individually. Based on this information, the base station estimates the 
amount of packets of the packet flow that each station needs to transmit in 
the next round. Let’s suppose that for the priority “i”, the amount of 
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packets is P(i)1 for D1 and P(i)2 for D2, where D1 and D2 are two 
consecutive D durations. 
 For packet flows that start from the base station to other stations, the base 

station records the amount of packets with each priority it sent, or, records 
the amount of packets with each priority that arrive in its transmission 
queue in the duration D. 
 Suppose the base station has gotten D, P(i)1 and P(i)2, then we believe 

that in the next duration, the traffic amount would be ))()(()( 122 iPiPiP −+α . 
α is a smoothing factor. 
 According to the estimated number of packets, the base station 

pre-allocates the amount of bandwidth for each sub-channel of a priority, 
and according to the latency requirement, it decides the length of service 
interval for that priority. 

 
4.3.3 AIPM 

4.3.3.1 Description 
From the analysis above, I found that in the wireless environment it is not 

possible to use a non-costly protocol like the bit-map protocol. Some overhead 
must be added to clear the channel for transmission and for synchronization. 
Again, let’s say something about the Ethernet Token Ring. There is no central 
administrator, and no extra MAC overhead when transmitting packets in the 
Ethernet Token Ring system. But in the Wireless LAN, we must use the RTS/CTS 
frames in order to solve the “hidden terminal” problem. So, basically every 
transmission has a bandwidth cost of RTS+CTS+n*SIFS+ACK.  Meanwhile, the 
base station is acting as a coordinator in the system, responsible for all the 
connections from/to the outside world. The base station is like a hub or a router in 
the system. This gives it the advantage to be the central controller of the Wireless 
LAN system, with some extra cost. HCCA uses this advantage. HCCA is used for 
individual packet flow to guarantee the bandwidth allocation.  Why don’t we use 
HCCA for the Differential Service too? 
 
Overhead in the HCCA mechanism 

The HCCA mechanism requires the base station to poll the other stations. 
First, it sends out a polling frame, the station answers with data frame, then the 
base station replies with ACK. The total overhead is just the Poll+ACK. In the 
case when the base station wants to send a data frame, it can send a polling frame, 
the wireless station replies, and the base station sends the data frame, then the 
wireless station replies with ACK. The overhead is Poll+REP+ACK.  In the DCF 
mode, the RTS/CTS has similar cost.  We should make full use of the advantage 
of letting the base station be the central controller. We can use a good schedule 
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algorithm in the base station to allocate all the bandwidth to each station fairly and 
efficiently, without any contention cost. The algorithm in the MAC layer of the 
normal station becomes as simple as the 802.11 standard. And all the complexity 
is in the base station, the vital point.  This also has the advantage of reducing the 
price of the normal wireless LAN card. The base station maybe quite heavily 
loaded using the algorithm. But, since it is already the vital point in 802.11, it 
would not get worse. Having thought of the advantages, we definitely should 
adopt the idea. 
 
The plan 

I simplify my situation by assuming that each station has only one packet 
flow with one priority to send. The normal case where one station has several 
packet flows is intuitive.  Also, I suppose that the packet length with a specific 
QoS priority does not change (Constant Packet Size).  

The basic idea of my protocol is: I try to use polling from the base station to 
the stations for packets with a certain priority. The transmission is always initiated 
by the base station. The base station controls everything and there is no channel 
contention at all. PIFS is used for the base station to take over the channel. Before 
the polling, there must be some way to register the packet flow at the base station. 

I take advantage of the traffic inertia, which means that, once a flow is built 
up, it will keep generating frames all the time with some frame interval until the 
flow ends, no matter how large the frame interval is (The frame interval would not 
be too large). So I use registration for each packet flow in each station and 
un-registration/time-out at the end of the packet flow. 

Ideally if the base station knows the number of stations that have packet 
flows to send and the type (priority, data-rate, packet size) of those packet flows, it 
can always predict the traffic. But in practice the data rate could be a little variant, 
and the base station could not notice that. So information collection must be done 
continuously at the base station. I do not use dedicated information collection 
frames. Instead, I use the DATA frame from the normal station to the base station 
to carry the information back. It does not have as much overhead as the dedicated 
information query and does not affect the performance because the information 
takes very few bytes. The base station needs to record the information of each 
packet flow in each station.  

This protocol should be totally compatible with the normal 802.11 standard. 
In the current 802.11e draft, the legacy 802.11 stations can run with the 802.11e 
stations. But since the legacy stations do not apply the AIFS and the new rules for 
the contention window size, the performance of the 802.11e protocol would be 
degraded significantly. In my protocol, the legacy stations do not affect the 
system performance at all. The saturation throughput of this protocol could be as 
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good as HCF without any contention cost and idle cost. It is expressed in the 
formula:

)(
)(

max pEO
pES

rts +
= . 

When all the channel capacity is in use and some new stations are still trying 
to create new packet flows, the base station can choose to refuse the registration 
requests. This is also an advantage of using the new protocol to prevent the extra 
load on the system. When there is not enough bandwidth for the already registered 
high priority flows, the base station will just deprive the low priority flows of 
bandwidth in order to ensure the performance of high priority flows. How to 
create such kind of scheduling table is discussed later. 

There must be a good scheduling algorithm that is responsible for allocating 
the transmission opportunities (TXOP) to every station and the base station.  The 
scheduling algorithm must be fair and take into account the QoS priority levels, 
the delay and bandwidth requirements of the packets. Also, there must be a 
MIN-DELAY time for each priority. This is to prevent the base station from over 
polling some packet flows while ignoring other packet flows, even if the channel 
bandwidth is enough. When trying to predict the change of the packet flows, the 
simple algorithm mentioned in 3.2.9 might be used. 

Here I list the basic rules of the proposed Adaptive Initiative Polling 
Machine algorithm (I will mention the scheduling algorithm later in detail). 

1. The EDCF access methods are still used. 
2. Packets with high priority are still sent using a smaller contention widow 

size when using EDCF. 
3. The wireless station can transmit packets at any time if it gets control of 

the channel by contending using EDCF. It can always send packets using 
EDCF to the base station when the channel is not busy (after an amount 
of idle time of DISF length.). The packet’s header could contain  

The information of the priority level of the packet.  
The creation time of the DATA frame. 
The Inter-frame interval of the flow. 
The queue length of the flow at the sending station. 
The packet length of the first packet in the queue. 

The QoS information in the packet header (sent using EDCF) informs 
the base station of a newly created QoS flow. Based on this information, 
the base station inserts a scheduling item into a scheduling table (ST). 
This is the procedure of registration. 

4. At the time a packet comes in the queue, the station starts the EDCF 
backoff procedure trying to seize the channel. If before it seizes the 
channel it is polled by the base station, it simply stops/pauses the backoff 
procedure.  
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5. If the station is polled by the base station and there is no packet with the 
required priority to send, it sends a NULL frame to the base station. 
After receiving the NULL packet, the base station deletes the scheduling 
item for that packet flow (un-registration). 

6. The base station polls the stations for the packet with a specific priority 
according to the scheduling table.  The frame exchange sequences are:  

               PIFS ->Poll (from base station) ->SIFS-> NULL  (from the station) 
 
               PIFS --->Poll (from base station) ->SIFS->DATA (from the station) ->  
                                                                         SIFS-> ACK(from base station) -> 
                                                                         SIFS->DATA (from the station) -> 
                                                                         SIFS-> ACK (from base station) -> 
                                                                         SIFS->DATA (from the station) ->  
                                                                         SIFS-> ACK (from base station) -> 

... 
The first sequence is for the situation when the wireless station does not 
have any packets with that priority to transmit. 
The second sequence is for normal packets transmission. One sequence 
can transmit more than one packet of the packet flow. The DATA frame 
carries the same QoS information as step 3 mentions.  

7. The ACK frame carries ”a final flag”, which tells the receiving station 
whether the wireless station will transmit the next DATA frame. 
(ACK-END or  ACK-NEXT) 

8. Based on the information about available bandwidth, the scheduling 
algorithm in the base station decides how many packets can be 
transmitted in a sequence. 
First, the base station always supposes that there is at least one packet in 
the station to be polled. When the base station receives the DATA frame, 
the frame header tells the information about the queue length. By taking 
into account the packet length, the queue length and the amount of the 
time left before the next scheduled polling, the base station can decide 
whether there is enough time for another DATA frame. If so, it sends 
ACK-NEXT and waits for the next DATA frame. Otherwise, it sends 
ACK-END to end this frame exchange sequence. 

9. After receiving the ACK-NEXT, the wireless station sends the next 
DATA frame to the base station and waits for ACK.  If it receives the 
ACK-END, it ends the conversation. 

10. When initiating the polling, the base station assumes that the DATA 
packet length is of the maximum length and sets the duration field of the 
polling frame according to the estimated data length. The polled station 
sets the duration field of the DATA frame or the NULL frame properly 
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according to the real data length and piggybacks the length of the next 
packet. Upon receiving the DATA, the base station will have enough 
information to set the duration field of the ACK frame correctly. Those 
stations that have heard the previous polling frame might have set their 
NAV too long. They should be able to shorten the NAV according to the 
duration field in the DATA frame and the ACK frame. Upon receiving 
the NULL frame the base station can choose to send another ”shorten 
NAV” frame or to just leave it. This is shown in Figure 22. 

11. According to the gathered packet flow information, the base station can 
poll the wireless station according to the scheduling table, after the idle 
time of PIFS. The base station uses PIFS timing to seize the channel, just 
as what HCCA does. If there is nothing to transmit during some period, 
the channel is released and the EDCF applies. 

12. In the protocol, the base station tries to meet the needs (latency, jitter, 
bit-rate) of all the packet flows at the cost of those packet flows using 
EDCF as their channel access method. If the channel is full and there 
comes a packet flow with a high priority, the base station simply takes 
away the time slot reserved for a lower priority and gives it to the higher 
one. This means, we delete a polling item of a packet flow with a low 
priority from the scheduling table and insert a new polling item into the 
table. 

13. When the base station wants to send data to the wireless station, it uses 
the following frame exchange sequence:  

RTS (from the base station)->CTS (from the wireless station) -> 
DATA (from the base station )-> ACK (from the wireless station).  

But in this thesis, I will not spend more time on this simple case. 
 

 
 
 
 
 
 
 
 

Figure 20 Polling order 
 
 
 
 
Figure 21 Example time domain picture, S1P7=station 1 priority 7 
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Figure 22 Shortened NAV 
 

The new protocol uses frame burst. Suppose the channel is not so busy and 
there are some packets in the queue of the VBR flow. Instead of sending each 
frame individually, the station can try to transmit more than one frame during one 
frame exchange sequence. This helps a lot to reduce the frame delay and save 
bandwidth (frame-burst is much more economic). As long as the next polling to a 
station is not affected, as many frames as possible should be transmitted at a time. 
The base station knows the time “gap” between successive polling points, the 
fixed length of the packet, and the number of packets left in the queue (by reading 
the header information of the DATA frame). So it can decide how many frames it 
can receive at a time, before the next polling starts. 

The use of EDCF in the new protocol causes the effect that if the packet 
comes, but for some reason, the station is not polled for the frame by the base 
station, the wireless station can transmit the packet using EDCF. This ensures the 
smallest delay of the packet. 

The protocol lets the base station have the full control of the transmission. As 
a central controller, it gives us the chance to manage the transmission behavior. 
That is what I cannot do when using EDCF. The algorithm is contention free by 
using PIFS timing. The polling mechanism also ensures that only those stations of 
other BSS that are within the signal range of the station may interfere with it 
(collision). And the collision probability is largely reduced by the NAV technique. 
So the new algorithm is not sensitive to interference as the Virtual Channel 
algorithm is. Now I only have to find out a good scheduling algorithm to achieve 
a good performance. 

In addition, since all the transmissions are controlled by the base station, the 
channel state becomes very clear. The base station will not get bothered by others 
when it is polling other stations. We can even simplify the frame-exchange 
sequence when there are no overlapping BSS. For example, when the base station 
wants to send a data frame, it just sends out the data frame directly, and waits for 
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the ACK (no RTS/CTS). Since there are no overlapping BSS, the wireless station 
can always receive the data frame successfully. When the wireless station has 
something to send, the base station should send a polling frame. After the wireless 
station receives the polling, it knows that no one can disturb the base station, so it 
just sends out the DATA frame and waits for ACK (no CTS). The first case 
requires that there are no overlapping BSS (overlapping BSS means there is at 
least one station in two or more BSS). The second case requires only that two base 
stations are not in the signal range of each other, which is the normal case. Refer 
to Figure 17 for the overlapping BSS cases. 
 

4.3.3.2 Scheduling algorithm 
Ideally, if a packet flow is of a constant flow, i.e., constant package size and 

constant package generating rate, we can always reserve a time slot for it within a 
period. Thus, there should be no delay and no package lost. But the actual 
situation is quite complicated. We have some variant bit rate packet flows. 
Sometimes two or more packet flows need to use the same time slot to keep the 
latency be minimum. The VBR packet flows make the situation unstable and hard 
to predict. They also cause big latency and jitter. Different sizes of packets make 
the length of the time slot needed different and it also affects the latency of the 
packet sent in the next time slot (But in this thesis, I ignore the case when packet 
size is variant.). This causes not only bigger latency/jitter, but also waste of slot 
time and difficulty of arranging the schedule table. 
 
 
 
 
 
 
 
 
 
 
 
Figure 23 T2 (VBR) affects other traffics 
 

If the base station allocates a fixed position and a fixed length of time slots to 
a VBR packet flow during a period, the average latency will also be fixed (comply 
to a traffic function, ex. Poisson distribution), too, no matter how the channel 
situation is (heavily loaded, light loaded). So we cannot improve the latency and 
jitter of VBR a lot even if the channel is totally idle. This is also the case when 
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using HCF. The channel performance may not be better than when using normal 
EDCF algorithm. 

To deal with VBR, the traffic prediction must be used to enlarge the 
allocated time and change the timing of the polling to reduce latency and jitter. 

Even with CBR, the sudden occurrence and absence of an individual packet 
flow is still normal. Some CBR flows may occur during some periods and some 
CBR may end during some periods, ex. Voice ON/OFF flows. So the scheduling 
space will have many ”holes”, like Figure 23(e) shows.  These holes are wastes of 
the bandwidth. Furthermore, even if EDCF can be run in the ”hole”, the possible 
length of the EDCF frame sequence could be larger than the size of the hole, and 
the following allocated time slot must be postponed. This causes latency and jitter, 
too.  In such an unstable wireless communication channel, either we waste 
some ”holes” to ensure the stable latency of a flow, or make full use of the 
bandwidth at the cost of small enlargement of the latency and the jitter. 

Another problem is the latency caused by the miss-matching between the 
frame creation time and the polling time for CBR packets. Ideally, if we allocate a 
fixed time slot to a CBR packet flow, the delay of the traffic should be zero. But in 
practice, it is not the case.  Suppose that the allocated time slot starts at T1and the 
first occurrence of the frame is at T2. We cannot always guarantee that T2 =T1. 
The time the frame occurs may be not the time the wireless station is polled. In the 
worst case, the delay is as large as the length of the inter-frame interval of the 
traffic for every packet in the flow. To avoid the problem, either the station forces 
the application to send packets at the exact time, or the allocation of time slots 
meets the packet creation time. Both cases are not always practical in real 
application. Fortunately, the inter-frame interval T is not so large in comparison to 
the delay caused by severe channel contention, and the delay has jitter of zero. So 
it might be acceptable.  Some kind of  ”time edge alignment” algorithm could also 
help reduce the delay.  The solution is to arrange the polling time as close as 
possible to the creation time of the packet. For VBR, since it is an unstable flow, 
the delay caused by the same reason is not so obvious.  

For each packet flow, there is a scheduling item in the scheduling table. 
Polling is sent according to the table. The scheduling algorithm is all about how to 
create the scheduling table. The item of the table consists of the following 
elements: 
                  Node id, Priority, Inter-frame Interval, Maximum Packet Length, 
Next Packet Length, Polling Point. 
“Inter-frame Interval” is the time cycle for each generation of the data packet. 
“Polling Point” is the time when the base station should send out the polling frame 
for the packet of a certain priority flow.  

Now I can describe the scheduling algorithm as following: 
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1. The base station polls all the wireless stations for their packets. The base 
station regards every packet flow as an individual querying object. The 
information about the packet flow is from the scheduling table. 

2. Every packet flow has its own inter-frame time “V”, and packet length “L”, 
no matter it is gotten by definition or from the packet header. A common 
multiple of the cycle periods of all the packet flows is used as a 
super-cycle-period “T”. 

3. According to the creation time G of the DATA packet, the first position 
“P” of the polling time for the flow is calculated as following: 

P(1)=G mod V 
Since T is the common multiple of all the periods, there could be more than 
one time in a super period in which the flow is to be polled for: 

                    P(x) = P1 + V,    P(x) < T 
Insert a scheduling item for each P(x) into the scheduling table. See Figure 
24. 

4. Suppose the current system time “TS” is expressed as 
                          TS= sys_time() mod V 

Then we can schedule the next polling by calculating the distance between 
the TS and the P(x). See Figure 24. 

5. If the station is polled by the base station, and there is no packet to send to 
the base station, the station sends a NULL packet to the base station. After 
receiving the NULL packet, the scheduling item for the QoS flow is 
deleted (un-registration). 
This rule is especially useful for voice ON/OFF flows. It causes the 
re-arrangement of the polling time point, letting it be as close as possible to 
the packet creation time. 

6. Packet flows with high priorities can take over the time slot of packet flows 
with lower priorities if there is no more free time left. 

7. Supposed a new scheduling item is created at time “t1” and “t1” is between 
two successive items, which starts at t0 and t2, t0 < t1 < t2. If the gap 
between t0 and t2 is smaller for the packet transmission of the new item, 
the new item must be moved to a new position, where there is enough time. 
The changing rule is simple: 
Try to find a new position that is the closest to the original time point t1.  
See Figure 25. 

8. Try to keep a minimum amount of free time (EDCF time) in order to 
register new packet flows.  

This scheduling algorithm is good for constant bit rate (CBR) flows and 
ON/OFF CBR flows. For other unpredictable VBR flows, such as Poisson 
distribution VBR flows, it is not so good. Since our protocol also includes EDCF, 
the packets from the Poisson input are most likely transmitted using EDCF when 



 
 
 

Chapter 4 Analysis of the proposals 

- 55 - 

the channel load is light. If we use polling for VBR flows, in most cases, the base 
station will receive NULL from others when polling, thus wasting more 
bandwidth. When the channel is mostly occupied, it is still good to reserve some 
time for the Poisson flow, because the flow might not be able to seize the channel 
when contending with other flows. 
 
 
 
 
 
 
 
Figure 24 Allocation of items. (Suppose super period is 20, period of P/R is 10, 

period of Q is 20. The next polled item is Q1) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 25 Movement of scheduling item 
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5 SIMULATIONS 

5.1 Simulation software 
5.1.1 Network Simulator 

The simulation works in my thesis are done using the HCF/EDCF NS2 
Stanford implementation[27]. “Network Simulator”(NS)[26] is an open source 
software on the Internet and many people have contributed to it. The use of the 
software is totally free but with no guarantee of the rightness and preciseness of 
the simulation result. Many people have modified the software for their own 
purpose.  

The Network Simulator is a set of software modules, which emulates the 
discrete events in proposed network scenarios. The purpose of the software is to 
provide a good simulation environment for the research of wired and wireless 
network systems, such as a cellular phone system, an Ethernet system, etc. The 
use of the simulator is extensive and efficient.  It can simulate the behavior of the 
network stations, multicasting, routing, and the varying of radio signals and even 
the movement of the wireless stations. Every event in the protocol stack can be 
recorded and analyzed. It is also a simulation platform on which the users can 
develop a new network protocol and test the performance of the protocol. It is a 
great tool for network researchers. 

The system is developed with the help of the VINT project at UC Berkeley, 
USC/ISL, LBL, and Xerox PARC. Also, some part of the system has gotten 
contribution from other developers and existing systems. It can run on UNIX, 
LINUX, and Microsoft Windows systems.  

NS is written in C++ and OTCL (Object TCL), and it consists of several 
software packages. It demands the proper installation of Tcl/Tk, and C++ 
compiling / runtime environment. Because of the property of TCL, which lets Tcl 
be extended by C code and C++ code, the NS is actually an extended version of 
TCL, with the support of some new syntax and object orientation (O-O) properties. 
The extension is done within the module of  “OTCL” and “TCLCL”, and 
“TCLCL” is written in C++ while “OTCL” is written in C.  “OTCL” introduces 
the new O-O concept into TCL, letting the extended TCL understand the O-O-like 
TCL code. The NS system itself is constructed by OTCL and C++ code together. 
Some parts of the NS are written in C++ for better efficiency, and some parts are 
written in both C++ and OTCL.  The system architecture is shown as following: 

NS 
OTCL C/C++ 

Tcl/Tk C/C++ 
OS 
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Apart from those modules mentioned above, NS also provides some other 
optional modules, like graphical simulation interface, plotting tools, and so on. 
The simulation process can be described as following: 

 
 

         
 
 
 
 
 
 

So, to be able to run simulation, the user must program using OTCL, and 
feed the OTCL script into NS, to get the result as text format trace files. Then the 
user can choose to graphically display the results, or analyze the trace files using 
other text processing tools, like “awk” and “perl”. And the optional module 
“XGraph” or “Linux gnuplot” can be used to display the plot graph of the analysis 
results. 

If the user wants to create a new network protocol or modify the structure of 
the data packet, he must also program using both C++ and OTCL, and must 
understand a lot about the inner parts of the NS system, ex: queue object, trace 
object, agent object, channel object, etc. In NS, almost each NS object has a C++ 
object and its corresponding OTCL object. That is why both C++ and OTCL are 
needed when programming. 

For the detailed description of how to use NS and how to program, please 
refer to the NS manual directly at http://www.isi.edu/nsnam/ns/. 
 
5.1.2 Modifications for PCWA 

There are two important modifications in the “Stanford NS-2” to simulate 
the PCWA protocol. One is to add some codes that records and calculate the 
average number of idle time slots before each transmission, the other one is to add 
some code that adjusts the contention widow size according to the average 
number of idle time slots. 

In the wireless simulation environment of NS, there is only one “Channel” 
object for all the wireless stations (public/broadcast channel), and it is 
implemented in “channel.h” and “channel.cc”. All the transmissions pass the 
“Channel”. In the implementation class of the “Channel”, there is a class function 
called “void WirelessChannel::recv(Packet* p, Handler*h)” which receives all 
the transmission signals. This is the best place to record and calculate the number 
of idle slots. The average number of idle slots is calculated every 20 transmissions 
and is saved into a global variable “AverageIdleTime”. 
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For the MAC layer of each wireless node, it receives packets from up-layer 
through the function “void Mac802_11::recv(Packet* p, Handler* h)”, which is in 
“mac-802_11.cc”. Before the function handles the incoming packets, it checks the 
current value of the “AverageIdleTime”. If the value is small than a threshold, the 
contention window size “CWMin_” is increased, else “CWMin_” is decreased.  

In this algorithm, “CWMin_” should not change when collisions happen. So 
“CWPFactor_” must be set to “1” to ensure that. 

In addition, a small modification of the backoff algorithm in the original 
implementation is done in the file “mac-timers.cc”. The modification is done in 
the member functions of the “BackoffTimer”. In the original backoff algorithm of 
the program, the backoff counter decreases by 1 only when there is an idle slot on 
the channel. It means that each station must wait for the number of idle slots that is 
decided by the initial backoff random number before its own transmission, no 
matter how many other transmissions have happened before it. This is not the way 
that the standard 802.11 backoff algorithm defines. It should be like this: the 
backoff counter decreases when there was an idle slot on the channel or when a 
transmission of another station happened on the channel. So, I did some work to 
correct the mistake. 
 
5.1.3 Modifications for AIPM 

I have changed a lot of code in “mac-802_11.cc”, “mac-802_11.h”, 
“mac-timers.cc” and “mac-802_11.h” because AIPM is a totally new protocol. 
Totally one thousand lines of code have been added into those files. It is 
impossible to explain everything in this thesis, so I just choose some important 
issues to depict. 

For normal wireless stations, there is nothing special except that they must be 
able to report the packet length, the packet creation time and the queue length of 
the packet flow in the header of DATA packets and they must be able to response 
to the polling from the base station. 

The basic idea of the AIPM protocol is for the base station to find out the 
common multiple of the period of every packet flow. The common multiple is 
record in a variable “vt_period_” as the super period. There is a table “point_”, 
which is the scheduling table that records when the base station should poll other 
stations for each packet flows within a super period. Since “vt_period_” is a 
common multiple of all the periods of packet flows, there could be several polling 
points (table item) in the table for a single packet flow. All the items in the 
scheduling table are saved according to the order of their polling time. If a polling 
happens but the base station gets a reply of type NULL (no packet to send at the 
wireless station), then all the items in the scheduling table that belong to the 
packet flow are deleted. New items will only be added into the scheduling table 
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when a data packet that belongs to the packet flow is sent successful from the 
wireless station to the base station, using RTS/CTS exchange sequence.  

A timer “mhVT_” is set in the base station. It calls the function “void 
Mac802_11::vtHandler(void)” every time it wakes up. The timer is set to wake up 
when the base station should poll a station according to the scheduling table. In 
the function “void Mac802_11::vtHandler(void)”, it starts to send the poll after an 
idle time of PIFS length. But in the case that when the timer wakes up, the base 
station is in the process of a polling of the previous scheduling item, then the 
current polling is skipped; if the base station is waiting for the idle time of PIFS 
for before sending out the polling for the previous scheduling item and the priority 
level of it is small then the current scheduling item, then the previous polling 
process is canceled and a new one is started. 

After the reception of the polling, the normal wireless station checks if it has 
a corresponding packet to send. If it is true, it creates a DATA packet and sends it 
to the base station. The header of the DATA packet must contain the information 
of the packet length of the next packet (if any), the queue length of the packet flow. 
After the base station receives the DATA packet, the base station calculate if there 
is enough time to let the station transmit another data packet in this session, 
according to those information in the packet and the time left before the next 
scheduling item in the scheduling table. If there is enough time, then an ACK 
frame with a flag of “dh_qc.qc_pending==1” is sent; otherwise an ACK with 
“dh_qc.qc_pending==0” is sent. If the wireless station finds out the 
“dh_qc.qc_pending” in the ACK is 1, it knows that it can send another data packet 
within this session; if the wireless station finds out the “dh_qc.qc_pending” in the 
ACK is 0, it know that this transmission session is successful and no more 
transmission is allowed.  

In the new protocol four new packet sub-types are used to distinguish 
packets for AIPM from those for EDCF and HCF. They are 
MAC_Subtype_VT_DATA, MAC_Subtype_VT_NULL, 
MAC_Subtype_VT_POLL and MAC_Subtype_VT_ACK. 

The implementation of AIPM lets a wireless station run EDCF at anytime 
when it is not polled by the base station. When it is on the process of the backoff 
and the polling comes, it pauses the backoff procedure and tries to send the packet 
using AIPM. If the packet is sent successfully, the paused backoff procedure is 
canceled.  

For simplicity, the current implementation of AIPM can only allow a single 
packet flow to be sent from one station to the base station. If there are more than 
one packet flows on one station, the behavior of the program is un-predictable. 
The base station cannot send packet flo<ws to other stations. It can only receive 
packet flows from others. 
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5.1.4 Result analysis tools and simulation environment 
The NS is installed on an Intel PC that is running redhat Linux. All the other 

works are done on the Linux too. 
The simulation results produced by NS are just some text format trace files. 

Those trace files contains the packets transmission records, including the packet 
type, packet number, destination, source, length, event time and etc. It needs to be 
analyzed further to get the final results. 

I use Linux shell scripts and “awk” to analysis all the trace files. With the 
final analysis results, I draw the figures using MATLAB. 
 



 
 
 

Chapter 5 Simulations 

- 61 - 

5.2 Simulation results for PCWA 
5.2.1 Idle slot and throughput 

I ran this simulation using the EDCF NS2 Stanford implementation. I did 
some small modifications and used only one priority for all the packets. I set EIFS 
to zero to eliminate the effect of enlarging contention window and let the backoff 
value decrease by one, whenever there is an idle slot of DIFS length.  The 
simulation is done in the saturation mode, for 70 seconds. The 20 seconds of the 
result are cut off from the sample. All the stations are using the same contention 
window size and do not change the size when collisions happen, i.e. constant 
contention window size. The simulation result is close to my computation result. 
The computed idle slot number is about 1.48, but the simulation result is around 
2.0. The difference is possibly caused by the computation approximation and 
some small protocol timing implementation problems. But still, I got the 
maximum throughput when the contention window size equals to Tn 2  and the 
idle slots number is 2.0.  From Figure 26, I can see that no matter how large the 
number of the stations is, the maximum throughput is achieved when the average 
number of the idle slots before each transmission reaches 2.0.  The throughput 
does not change sharply when the number of the idle slots changes. This is 
because of the large frame size and the small size of one time slot, which makes 
the throughput insensitive. 

The result matches my computation result. The number of idle slots before 
each transmission is independent of the number of the contending stations and it is 
a constant. So I can just use the number of idle slots to predict the system load and 
adjust the contention window size. 

I calculate the packet delay as IFQ_Delay+MAC_Delay+DIFS+RTS+SIFS, 
which is the time from the creation time of the packet to the time when the packet 
is sent from the MAC layer. I do not take into account the transmitting time of the 
packet, because each packet has its own length and thus causes different delay. 
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Figure 26 Idle slots and throughput 
 
 
 
 

Simulation parameters 
SIFS 16us  CW0(EDCF) 5 
DIFS 34us  CW1(EDCF) 15 
EIFS DIFS  CW2(EDCF) 31 
PHY header 24us  Offset0(EDCF) 0 
Slot time 9 us  Offset0(EDCF) 0 
Payload size 512 

bytes 
 Offset0(EDCF) 0 

Bit-rate 16Mbps  MAC queue 
length 

50 

Short retry 
threshold 

7    

CWmin(PDCF) constant    
CWmin(DCF) 31    
CWmax 1023    
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5.2.2 Adaptive algorithm 

Here I use the following algorithm for every station to adjust its contention 
window size: 

1. Initially every station uses a constant contention window size. 
2. It observes the channel state all the time and records the number of the 

inter-frame idle slots. 
3. It calculates the average value (IS) of the number every 20 numbers. 
4. It compares the value and checks if it is in the range [1.95, 2.10]. I chose a 

small flexible range here to avoid a too often change of the contention 
widow size. 

5. If IS >2.10:  set CW=CW-5, if IS > 2.10, set CW=CW-10, if IS>2.5.  The 
size of CW > 10. The minimum contention window size is 2. 

6. If IS <1.95:  set CW=CW+5, if IS < 1.95, set CW=CW+10, if IS<1.7. The 
size of CW < CWmax  

 
I use different step sizes (5 and 10) to change the contention window for a 

quick response to the change of the channel load. I test the algorithm in the 
following scenarios 
 
5.2.3 Scenario 1: Varying the number of greedy stations. 

Let the initial contention window size be 31. During 50 seconds of testing 
time, I use “greedy” stations to send packets all the time.  All the payload size is a 
constant of 512 bytes. We can see the result from Figure 27 and Figure 28. The 
PCWA algorithm always tries to use all the available bandwidth and tries to avoid 
too many collisions, thus achieving the maximum throughput. It also helps a lot to 
reduce the packet-dropping rate due to the RTS retry threshold. The overall 
performance of PCWA is quite stable. 
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Figure 27 Goodput comparison between PCWA and DCF 
 

 
Figure 28 Comparison of Packets-dropping between PCWA and DCF 
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5.2.4 Scenario 2: 1 greedy station with background traffics 
During 50 seconds of testing time, I use one “greedy” station to run all the 

time. In each experiment, I use a different number of background traffic stations, 
each of them sending a packet of 512 bytes every 19ms. This experiment is to 
show the ability of the PWCA protocol to use free bandwidth as much as possible. 
The initial contention window size is 31 for DCF. I get the following result: 
 

 
Figure 29 One greedy station 

 
The performance of the greedy station gets a big improvement, until the 

channel becomes fully loaded. 
It is quite obvious that the PCWA protocol helps improve the throughput 

significantly. 
 

5.2.5 Scenario 3: Greedy QoS stations 
During 50 seconds, I run groups of stations with different priorities. In each 

group, there are 3 stations, one is of priority 6, one is of priority 4 and one is of 
priority 0.  The packet size of all the packets is the same: 512 bytes. For EDCF, the 
contention window size is 5-15-31 for the corresponding priorities. For PCWA, 
the contention window size is W-8W-16W for the corresponding priorities. “W” 
is the contention window size of the packets with the highest priority. I use a 
different number of groups in each experiment and calculate the total throughput 
of each priority. The result is shown in Figure 30. 
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The figure shows that PCWA has the same ability of providing different 
bandwidth for different priorities as EDCF. The bandwidth allocation is done 
using different contention window sizes. In PCWA the stations with highest 
priority, which use the optimal contention window size have a much better 
performance (improvement of 30%) in comparison to that of EDCF, while the 
throughput of the stations with other priorities is lower. The total system 
throughput is slightly improved when the number of stations is large, although 
when there are not many stations the throughput of PCWA is not as good as that of 
EDCF.  The total performance of PCWA here is as good as EDCF, with emphasis 
on the highest priority. 
 

 
Figure 30 Greedy priority traffics  
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5.2.6 Scenario 4: Practical QoS stations 
This time, I use some stations running CBR audio, video, ftp traffics.  

 Stations Packet size(bytes) Frame 
interval(ms) 

Priority 
6(audio) 

10 160 20 

Priority 
4(video) 

5 1280 10 

Priority 0(ftp) V 200 12.5 
 
There are a fixed number of audio and video flows and a variable number of 

ftp flows. I increase the number of ftp stations from 1 to 50 to see the performance 
of both methods. In addition, I try to arrange the packet start time of the packets of 
the audio, video, ftp flows, let them begin at different ”time positions”, and have 
a ”gap” in between. This means that if there is no ftp traffic, those audio and video 
flows will not conflict at all. I ran each simulation for 50 seconds and calculated 
the results from the trace files.  

 

 
Figure 31 Delay  
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Figure 32 Delay (magnified) 
 

 
Figure 33 Standard deviation of delay (jitter) 



 
 
 

Chapter 5 Simulations 

- 69 - 

 
Figure 34 Standard deviation of delay (jitter) (magnified) 
 

 
Figure 35 Goodput 
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PCWA also achieves apparent service quality difference as EDCF does. The 
simulation result here shows that PCWA helps a lot to reduce the jitter of all the 
packets with every priority (improvement of 20% - 50%). Using PCWA the 
packets with the highest priority always get a much better performance in terms of 
jitter and delay (improvement of 50%). The delay time for the video flow is not 
improved. But the delay of the ftp flow gets worse. This is the cost for smaller 
delay of the packets with highest priority. The PCWA achieves a small 
improvement of the total throughput.  
 
5.3 Simulation results for AIPM 
5.3.1 Scenario 1: Audio traffics 
Experiment parameters:  

 Packet size(bytes) Frame 
interval(ms) 

Priority 
6(audio) 

160 20 

In this scenario, I only put audio flows on the channel.  Each station has only 
one audio flow, which is sent to the base station. For each audio flow, I let it start 
at different time positions. This can minimize the delay. I use a different number 
of stations in each experiment in order to see the changing of the performance of 
AIPM and EDCF. 

 

 
Figure 36 Packet delay 
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Figure 37 Packet delay (magnified) 
 

 
Figure 38 Standard deviation of packet delay 
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Figure 39 Standard deviation of packet delay (magnified) 
 

 
Figure 40 Goodput 
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When the system load is smaller than the channel capacity, the total 
throughputs of both protocols are the same and there is no packet drop before the 
number of audio flows reaches 74 (the maximum channel capacity when using 
AIPM). When the system load keeps growing, the maximum throughput achieved 
by AIPM is much larger than that of EDCF. And it is very clear from the figures 
that the delay of AIPM keeps “as small as NULL”. It does not increase as the 
number of audio stations increases. The same thing happens to the standard 
deviation.  The performance of AIPM keeps perfect in this case. The changing 
number of stations does not affect it at all. When the number of audio flows 
exceeds 74, the AIPM still exhibits much better performance than DCF. 
 
5.3.2 Scenario 2: CBR QoS performance. 

Here I let some stations send CBR audio, video, ftp flows.  
 Stations Packet 

size(bytes) 
Frame 
interval(ms) 

Transmission 
method 

Priority 
6(audio) 

10 160 20 AIPM(CWmin=5) 

Priority 
4(video) 

5 1280 10 AIPM(CWmin=15)

Priority 
0(ftp) 

V 200 12.5 EDCF(CWmin=31)

I vary the number of ftp stations from 1 to 50, to see the performance of both 
methods.  As well, I try to arrange the packet start time of audio, video, ftp flows 
and let them begin at different ”time positions”, having a ”gap” in between. This 
means that if there are no ftp flows, those audio and video flows will not conflict 
at all. The configuration here is: priority 6 and 4 use the AIPM algorithm, but the 
ftp flows, as the lowest priority, use only EDCF. Every priority is allowed to 
transmit using EDCF when the channel is not busy for some idle time of DIFS 
length. The result is compared with the performance of EDCF. 
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Figure 41 Packet delay 
 

 
Figure 42 Packet delay (magnified) 
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Figure 43 Standard deviation of delay (jitter) 
 

 
Figure 44 Standard deviation of packet delay (jitter) (magnified) 
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Figure 45 Goodput 

 
From the results we can see that those flows that apply the AIPM algorithm 

have almost no packet delay and no jitter and the throughput keeps steady. The 
audio flows have the same throughput in both cases. The throughput of the video 
flows using AIPM is a little higher than that of EDCF, while the ftp flows that use 
the EDCF algorithm suffer a lot from collisions in terms of the delay, the jitter and 
the throughput.  
 
5.3.3 Scenario 3: VBR QoS performance  

Here I let some stations send CBR audio, video, ftp flows.  
 Stations Packet 

size 
(bytes) 

Avg Frame 
interval 
(ms) 

Transmission 
method 

Type 

Priority 6 
(audio) 

10 160 20 AIPM 
(CWmin=5) 

Exponential 
ON/OFF 
Avg burst 
time=1.5s 
Avg idle 
time=1.8s 

Priority 4 
(video) 

5 1280 NaN AIPM 
(CWmin=15) 

Poisson 
Avg idle 
time=10ms 
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Priority 0 
(ftp) 

Varying 200 12.5 EDCF 
(CWmin=31) 

CBR 

I use the same configuration as that in scenario 2, except that the audio flows 
are of the ON/OFF type, and the video flows are of the Poisson type. 

 
Figure 46 Packet delay 

 
Figure 47 Packet delay (magnified) 
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Figure 48 Standard deviation of packet delay 

 
Figure 49 Standard deviation of packet delay (magnified) 



 
 
 

Chapter 5 Simulations 

- 79 - 

 
Figure 50 Goodput 

From the Goodput chart, we can see that the total throughput of AIPM is 
steady, while the total throughput of EDCF decreases a lot when the system load 
grows. The throughputs of ftp and video flows with AIPM are also steady, but 
they decrease when using EDCF. 

From the delay and jitter charts, we see that the delay of audio flows is lower 
with AIPM than that with EDCF, but the jitter of the audio flows are almost the 
same.  The delay and jitter of the ftp flows with AIPM are worse than those with 
EDCF. 

For video flows, when the system is lightly loaded, the delay/jitter when 
using AIPM is larger than that when using EDCF, but the difference is not so big. 
For delay, the biggest difference is 10ms. This is because when the base station 
sends out the polls to the wireless stations, the wireless station may not have any 
packets to transmit due to the traffic character of Poisson. So a “NULL Polling” 
process happens, which wastes some available bandwidth. The process also 
postpones other wireless station’s transmission attempts. So it is better to use 
EDCF for Poisson flows.  

When the system is heavily loaded, the advantage of using AIPM is 
apparent. 

In summary, for CBR+ON/OFF flows, AIPM is much better than EDCF; for 
stochastic VBR, such as Poisson, AIPM is not so good when the system is lightly 
load, but very good when the system is heavily loaded.  The total system 
throughput is largely improved when the system is heavily loaded. 
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6 CONCLUSION 
In this thesis, I proposed and analyzed the PCWA algorithm and the AIPM 

algorithm.  
With PCWA, the system tries to approach the maximum throughput using 

contention mechanism and it is adaptive to the channel load. The overall 
performance is better than that of 802.11 DCF. If the number of stations in the 
system is bigger, the improvement is larger. When the channel becomes lightly 
loaded, some greedy stations can make full use of the channel. This is an obvious 
advantage. 

When dealing with packets with different priorities, using the PCWA 
algorithm the system can also achieve service difference and guarantee the best 
performance (small delay/jitter) to the packets with the highest priority. The 
improvements on latency jitter for all traffics are apparent. The total system 
throughput is also improved. The delay of those packets with middle priorities is 
not so much improved in comparison to that of the packets with highest priority. 

The future work for the PCWA algorithm is to find a better adjustment 
method for adjusting the contention window difference among different priorities. 
A simple fixed distance cannot always be good. 

The AIPM algorithm has the perfect performance for CBR flows and CBR 
ON/OFF flows. It achieves almost no delay or jitters and makes full use of the 
channel time. This algorithm is not good when dealing with VBR and varying 
packets size within one packet flow when the system is lightly loaded. But the 
performance is just a little worse than that of EDCF and it is acceptable. When the 
channel is heavily loaded the performance of the AIPM algorithm is still very 
much better. The algorithm itself is mostly implemented in the base station and it 
is totally compatible with the old 802.11 standard. This helps reduce the 
complexity of hardware and software implementation, keeping the 
implementation of the wireless station as simple as possible. 

The future work for the AIPM algorithm is to refine the algorithm and let it 
fit with more complicated VBR flows (with changing bit-rate and packet size). 
Also, some prediction algorithms for packet flows could be added into it. 
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