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CHAPTER 1   

Introduction 

In recent year, the wireless local area network (WLANs) based on IEEE 802.11 

standards has became more and more popular. For example WIFLY[1] in Taipei , and 

the WLAN is has been setup in most of the colleges. So the environment we live 

nowadays is no longer a “wired network”. It’s a “wired/wireless mixed network”, we 

call it is a heterogeneous wireless network in the rest of the thesis.  

The transmission control protocol (TCP), the very common used transport 

protocol and performs well over the traditional pure wired network. The transmission 

control protocol (TCP) only takes the packet loss as congestion happened, it’s means 

that when the loss happened sender will only takes this as congestion happened we 

call this congestion lost in the rest of the thesis, but in the heterogeneous wireless 

network packet loss maybe caused by the unreliable transmission of wireless network. 

The unreliable transmission of wireless network includes the contention of end points 

and the wireless channel fading. Based on the reason above the traditional TCP has 

many problems in the heterogeneous wireless network. 

Our Error Adaptive TCP (EATCP) will detect what’s the reason of packet loss, 

either it’s because of the congestion lost of wired network or because the unreliable 

transmission of the wireless network. Based on our heuristic estimation we can 

separate the reason of packet loss precisely. Depends on the reason we can use the 

best way to adjust the congestion window of our congestion control mechanism in our 

EATCP. 
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1.1 Background  

Our EATCP is a cross-layer design of MAC layer and Transport layer. The AP of 

MAC layer can provide the MAC layer information to the sender, and the sender will 

collected the information of transport layer itself. Based on these information our 

congestion control mechanism of EATCP could adjust the cwnd more precisely to 

feet the network situation. The Figure 1.1 is the basic environment  

 

Figure 1.1：Environment of Heterogeneous wireless networks. 

Figure 1.1 shows a typical heterogeneous wireless network. In our work sender 

will collect the information of end-to-end connection, and AP will collect the 

information of wireless medium and send it back to the sender. After this, sender can 

use the information of wireless medium to separate the pure information of wired link 

out from the information of end-to-end connection. Then we can get the information 

of wired link and information of wireless medium more accurately then other 

protocol. 

Next we will make some introduction of the basically background knowledge. 

These background knowledge includes the congestion control mechanism of TCP, 

CSMA/CA of 802.11 and basic idea of streaming service. 
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1.1.1 TCP 

Basically the idea of transport protocol is responsible for the end-to-end data flow. 

TCP together with UDP form the very core of today’s internet transport layer. The 

TCP guarantees reliable and in-order delivery of data from sender to receiver, but 

UDP does not. 

In October of ’86 after a series of congestion collapse happen, Jacobson and 

Karels developed a congestion control mechanism, which was called TCP Tahoe [2], 

and TCP Tahoe was including three algorithms: slow start, congestion avoidance and 

fast retransmission. Since then many modifications have been made to the 

transmission control protocol (TCP) and several different versions of TCP have been 

implemented. In 1990 TCP-Reno [3], provide one more algorithm called fast recovery. 

We will introduce these four algorithm in above. 

There is many application such as FTP, Web, Telnet, etc., are developed on the 

top of TCP. It is well designed for the best effort environment for its congestion 

avoidance scheme. The TCP sender applies the additive increased and multiplicative 

decrease (AIMD) scheme to enforce congestion avoidance. 

TCP implements a window based flow control mechanism [4], a window based 

protocol means that the so called current window size defines a strict upper bound on 

the amount of unacknowledged data that can be in transit between a given 

sender-receiver pair. 

TCP’s congestion control includes two variables for the connection: the 

congestion window, cwnd, and the slow start threshold, ssthresh. The purpose of cwnd 

is to prevent the sender from sending more data than the network can accommodate in 

the current load conditions. The idea is to modify cwnd adaptively to reflect the 

current load of the network. In practice, this is done through detection of lost packets. 
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A packet loss can basically be detected either via a time-out mechanism or via 

duplicate ACKs. 

Timeout mechanism: sender will measure the round-trip time (RTT) of the 

packet, when the timer or the RTT of packet expired the value of round-trip timeout 

(RTO) the packet will be treat as lost. 

Duplicated ACKs: If the packet has been lost, the receiver keeps sending 

acknowledgements but does not modify the sequence number field of the ACK 

packets. When the sender observes several ACKs acknowledging the same packet, it 

concludes tha a packet has been lost. 

In slow start, when a connection is established, the value of cwnd is first set to 1 

and after each received ACK the value is updated to  

cwnd = cwnd +1 

implying doubling of cwnd for each RTT. 

The exponential growth of cwnd continues until a packet loss is observed, 

causing the value of ssthresh to be updated to  

ssthresh = cwnd/2 

After the packet loss, the connection starts from slow start again with cwnd = 1, 

and the window is increased exponentially until it equals ssthresh, the estimate for the 

available bandwidth in the network. At this point, the connection goes to congestion 

avoidance phase where the value of cwnd is increased less aggressively with the 

pattern 

cwnd= cwnd+1/cwnd, 

implying linear instead of exponential growth. This linear increase will continue a 

packet loss in detected. 

 Fast Retransmit: When sender receive duplicated ACKs, the sender can 

retransmit a packet immediately after receiving three duplicate ACK, without waiting 
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for the retransmit timer to expire. 

 Fast Recovery: In Tahoe TCP, it enter slow start phase it’s means sender set cwnd 

= 1 when every time packet lost happened, and it’s unefficiency. So in TCP-Reno it 

modify the slow start phase as follow: In a connection with fast retransmit, the source 

can use the flow of duplicate ACKs to clock the transmission of packets. When a 

possibly lost packet is retransmitted, the values of ssthresh and cwnd will be set to 

ssthresh = cwnd/2 

and cwnd = ssthresh 

meaning that the connection will continue from the congestion avoidance phase and 

increases its window size linearly. 

 

Figure 1.2：How the congestion window change. 

Figure 1.2 shows that, how the congestion avoidance mechanism adjusted the 

congestion window. At point 1, at the beginning congestion window grow 

exponentially until point 2. At point 2 it happens a timeout event, and enter the fast 

recovery state. So the congestion has became half of the congestion window at point 2. 
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At the point 3 because of the cwnd is large than ssthresh, it is in the linear growth 

state until point 4. At point 4 sender receive the duplicated ACK, and enter the fast 

recovery state again. And so on. By this example we can monitor the cwnd change at 

different event happened. 

 

1.1.2 802.11 

 

 

Figure 1.3：The Ad-hoc Mode 

In the IEEE 802.11 network, the basic service set (BSS) is the basic components.  

The BSS is made up by several stations which connected and communicated each 

other.  There are two different modes in BBS: one is independent BSS (IBSS) mode 

or Ad-hoc mode, another is infrastructure BSS or infrastructure mode.  In the Ad-hoc 

mode, all of the stations can communicate each other in a specific range without any 

centralized controller.  The basic topology is shown in Figure 1.3. 

On the contrary, if any station would like to transfer data or communicate to 

other stations in infrastructure mode, the data must been relayed by access point (AP) 

or base station (BS).  The topology has shown in Figure 1.4.  In infrastructure mode, 



 7

all of the stations must build connection with AP before transfer the data, and this 

been called association. As the above, that is two kinds of medium access mode. 

 
Figure 1.4：The Infrastructure mode 

This section we will introduce the MAC of IEEEE 802.11 in detail. Similar to 

Ethernet, 802.11 uses carrier sense multiple access (CSMA) mechanisms to control 

the access of medium. The collisions between clients will waste the resource of 

channel, so 802.11 adopts carrier sense multiple access/collision avoid (CSMA/CA) 

instant of carrier sense multiple access/collision detection (CSMA/CD). MAC is 

controlled by coordination function. There are two fundamental mechanisms to access 

the medium in IEEE 802.11 protocol. One is point coordination function (PCF). It is a 

centrally access scheme and utilizes AP to control every station in BSS uniformly. 

Another access scheme is distributed coordination function (DCF).  The DCF works 

with the help of the CSMA/CA. Later, we will introduce DCF and PCF in detail. 

The PCF is only usable on infrastructure network. This method uses a point 

coordinator (PC), which shall operate at the access point of the BSS, to determine 
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which station currently can transmit. The AP is essentially performing the role of the 

polling master. The PCF uses a virtual carrier-sense mechanism aided by an access 

priority mechanism. The PCF shall distribute information within beacon management 

frames to gain control of the medium by setting the network allocation vector (NAV) 

in stations. In addition, all frame transmissions under the PCF may use an inter frame 

space (IFS) that is smaller than the IFS for frames transmitted via the DCF, that is to 

say, PIFS is always smaller than DIFS. The use of the smaller IFS implies that 

point-coordinated traffic shall have priority access to the medium over stations in 

overlapping BSSs operating under the DCF access method. The access priority 

provided by a PCF may be utilized to create a contention-free (CF) access method. 

The PC controls the frame transmissions of the stations so as to eliminate contention 

for a limited period of time. Because the PCF in standard is optional and most 802.11 

networks adopt contention-based access mechanism, we focus on DCF. 

IEEE 802.11 is similar to Ethernet, inter-frame space (IFS) plays an important 

role in medium access.  The IEEE 802.11 WLANs use three kinds of IFS for 

medium access.  One is short interframe space (SIFS), another is PCF interframe 

space (PIFS), and the other is DCF interframe space (DIFS).  

The SIFS is used for an ACK frame, a CTS frame, the second or subsequent 

MPDU of a fragment burst, and by a STA responding to any polling by the PCF.  It 

may also be used by a PC for any types of frames during the CFP.  SIFS is the 

shortest of the interframe spaces.  SIFS shall be used when STAs have seized the 

medium and need to keep it for the duration of the frame exchange sequence to be 

performed.  Using the smallest gap between transmissions within the frame 

exchange sequence prevents other STAs, which are required to wait for the medium to 

be idle for a longer gap, from attempting to use the medium, thus giving priority to 

completion of the frame exchange sequence in progress.  The PIFS is used only by 
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STAs operating under the PCF to gain priority access to the medium at the start of the 

CFP.  A STA using the PCF shall be allowed to transmit contention-free traffic after 

its carrier sense mechanism determines that the medium is idle.  The DIFS is used by 

STAs operating under the DCF to transmit data frames and management frames.  A 

STA using the DCF is allowed to transmit if its carrier-sense mechanism determines 

that the medium is idle, and its backoff time has expired.  The relation of IFS is 

shown in Figure 1.5 [5].  In general, the wait time of IFS is DIFS > PIFS > SIPF. 

 
Figure 1.5：The Basic Access Mechanism of DCF 

According to Figure 1.5, if any STA want to send data, the STA must wait for a 

period longer than DIFS and the medium is not busy.  Then, the STA can send the 

data.  If there are over two STAs get the same time slot, the collision occurred.  If a 

collision occurred, the system will start the backoff procedure.  The Figure 1.6 [5] 

shows the backoff procedure.  In this example, the STA A sent a data frame, at the 

same time, other STAs will defer a period until the STA has finished transmission.  

After the STA A has sent the data frame, the STA A will take a new time slot between 

the range of CW.  Other STAs will decrease their backoff counter, when the backoff 

counter decrease to zero, if the medium is idle then the STA can sent data 

immediately. 
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Figure 1.6：The Backoff Procedure. 

In standard IEEE 802.11, after each unsuccessful transmission, the value of CW 

should be double according to the number of retry.  The new value of CW lie in 

between CWmax and CWmin, the formula is shown as follows [6] ： 

),12*)1min(( maxmin CWCWCW retry
new −+=  

In Figure 1.7 [5], we can understand the extending of the contention window 

more clearly. After six retry, the value of contention window is always equal to the 

CWmax. 

 

 
Figure 1.7：The Updating of CW 
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In standard IEEE 802.11, the STA gets a time-slot and to wait for a long period 

(DIFS) when the medium is idle, the STA could sent the packet out.  If there is no 

collision occurred, the value of CW will be reset to CWmin. 

Depends on the CSMA/CA mechanism of the 802.11 we will designed an simple 

function to watch if the medium is idle or busy. 

 

1.1.3 Streaming 
 

Streaming service has become more and more popular. In the past, when we want to 

see a movie from the internet, we must download the files completely. After this we 

can play movie by appropriate program. We have to wait for a long download time to 

see the contents and this file will be saved in our hard discs. For the client, after long 

time used, these files will accumulated and it will occupancy many space of hard 

discs. To the supplier, he must to bear the risks because the file aren’t authorize then it 

will be disseminate to everywhere. But in the past, bandwidth are not enough, so this 

is the only way for the client to see a qualify movie from the internet. 

 

Figure 1.8：Environment of streaming service 

Streaming service is the way to solve the problem above. For example in Figure 

1.8, when server receive the demand of the user, sever will deliver this files to the user, 

and the files will be decompose to many packets. When the receiver received these 

packets, the user’s program will recombine all the packets, and play immediately on 
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user’s monitor. This signal will be send to the client continuously, and it looks like a 

streaming. That is the reason we call this kinds of application streaming service. 

What’s the benefit for this kind of transmission. For the user, the waiting time for 

download the file will be substantially shorten. In the past it were taken a few minute 

even ten minute for waiting. By using streaming service, it will only takes a few 

second to wait for the content. User can choose the files what they need, don’t have to 

spent a lot money and time to download many useless information. User can view this 

file like use television or video at home. Even “Forward”, ”Backward” is also 

available, make watching movie on internet will be more amiable and easy of access. 

For the supplier, streaming is deliver information and played, it can protect the 

copyright of content by left no copy at user’s computer. With the growth of bandwidth, 

streaming service will became more and more popular. 

The network conditions for this kind of Streaming Service needs : 

1. High bandwidth 

On the whole, a ordinary QVGA (320*240) streaming need about 512kbps 

bandwidth. Most of ADSL can achieve that. 

2. Delay constrain  

As the result, the streaming service needs continuous transmission, so continuous 

packets can’t apart too long. If client can’t receive the continuous packets, the 

lost packet can’t be more important than the continuous packets. 

3. Ability to handle burst 

Although streaming service can be generally be treat as a kinds of CBR 

(Constant Bit Rate) application. but at mpg4 transmission process, when it run 

into scene change or great deal of specially efficacy the needs of information will 

suddenly growth. We call it’s a burst of streaming service. The task we need to 

consider is how to handle this kind of burst in the transport layer. 
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Real-time streaming EX : WEBTV, and VOD have some characteristic that if the 

packet which can’t be delivered correctly and instantaneously, it won’t need to deliver 

again. On the side of client, the continuously watching of the content is much more 

important than the exception. So the lost packet is useless than the continuous packets. 

So the lost packets may not need to be retransmission again. 

For the ripe technology of the Streaming service and the growth bandwidth of 

the client, the streaming service have well performance in the pure wired networks. 

But when the environment became heterogeneous wireless network, can the streaming 

service performs well? Figure 1.1 is a typical network architecture in usually family. 

Family member can access the internet through the connection to the AP. Behind AP 

use ADSL to be the back bond, such architecture almost have no effect to the usual 

Best Effort applications, but have huge effect to the real-time application such as VoIP, 

VOD and NetTV. 

Moving Picture Experts Group(MPEG) [7] is a working group of ISO/IEC 

charged with the development of video and audio encoding standards. An mpeg4 

video have some characteristic. According to the different coding and prediction 

modes in coding algorithm, frames can falls into three types. i.e., intra frame(I), 

predictive frame(p), and bi-directionally predictive frame(B). These frames typically 

occur in deterministic periodic sequence, e.g. ….IBBPBBPBBPBBP…., which form 

the GOPs. Since scalable video coding algorithm is also could be concerned, the bit 

stream of each frame can be further divided into base layer and enhancement layer. 

The contribution of each layer to network congestion is different with that to the 

reconstructed quality. So we can choose the packets that belong to the frame more 

contributed have higher priority in the process of end-to-end transmission. 

Wireless network have a lot of uncertainty. For example : channel fading、
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contention between wireless clients. These uncertain elements make the performance 

of streaming service can’t be so good as it performs well in the pure wired networks. 

In our Error-Adaptive TCP we will try our best to fix these problems. 

  

1.2 Motivation 

Traditional TCP over wireless network has been proved that has many problems. And 

many solution or modification of TCP over wireless network has been proposed. But 

most of the proposed solution or modification of TCP didn’t really use the cross-layer 

architecture, so they did not have the information of MAC layer. They can not deal 

the wireless problem well in transport layer in that they did not have the information 

of MAC layer for wireless networks. 

Our goal is to design a transport layer solution with cross-layer information 

gathering. Depends on the AP’s information gathering we will use these information 

of MAC layer such as Round-Trip Time of wireless network (wirelessRTT) and idle 

percentage of wireless medium to estimate the bandwidth of wireless network. Also 

that depends on the AP’s information gathering we will use these information and 

information of transport layer such as Round-Trip Time (RTT) and packet loss rate 

(PL) to estimate the bandwidth of wired network more accurate in heterogeneous 

wireless network environment. 

1.3 Organization 

The remainder of this paper is organized as follows. In chapter 2 we will make some 

introduction of our related works, such as TCP-Vegas [8] and Jitter-based TCP [9,10], 

they are the major reference. The Macroscopic Behavior of the TCP congestion 

Avoidance Algorithm [11] will leads us how to estimate the wired bandwidth with 
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Round-Trip Time and packet loss rate. In chapter 3 we will explain the detail of our 

Error Adaptive TCP, including architecture of Error-Adaptive TCP, Estimate phase 

and congestion control mechanism of Error Adaptive TCP. In estimate phase we will 

descript the detail how the AP gathering the information and estimate the bandwidth 

of wireless network, and how the sender estimate the bandwidth of wired network. In 

chapter 4 we will use Network Simulator II [12] as our simulator, and show the 

simulation result. Chapter 5 concludes this thesis and remarks on future works. 

 


