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CHAPTER 2   

Related Work 

In this chapter，we will discuss other research about how the other TCP protocol face the 

wired and wireless mixed scenario called heterogeneous wireless network later. In section 2.1 

we will introduce the TCP-Vegas [8], it’s an implication that sender will estimate the 

bandwidth of end-to-end connection.  

In the kind of scenario such as heterogeneous wireless network packet lost may caused 

both by network congestion and wireless error. In section 2.2 Jitter-Based TCP [9,10], they 

used Jitter ratio to separate the reason of packet lost, they separate to two different kinds of 

lost, congestion lost and non-congestion lost. The non-congestion lost means the packet lost is 

caused by reliable transmission of wireless network. But they did not separate the wireless 

contention and wireless error, in our Error Adaptive TCP will fixed this problem by using idle 

percentage. In section 2.3, we will descript the mathematical way to estimate the bandwidth 

by using round-trip time (RTT) and packet lost rate. 

 

2.1 TCP-Vegas: 

TCP-Vegas [8] is a TCP congestion control algorithm that emphasizes packet delay. Rather 

than packet lost, as a signal to help determine the rate at which to send packets. TCP-Vegas 

used a simple bandwidth estimate scheme. It uses the different between expected and actual 

flows rates to estimate the available bandwidth in the network. The idea is that when the 

network is not congested, the actual flow rate will approach to the expected flow rate, so 

when the network is congested, the actual flow rate will be smaller than the expected flow rate. 

TCP-Vegas using this difference in flow rate to estimates the congestion level in the network 
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and updates the window size accordingly. Note that this difference in the flow rates can be 

easily translated into the difference between the window size and the number of 

acknowledged packets during the round trip time, using the equation 

BaseRTTActualExpectedDiff )( −=  

where Expected is the expected rate, Actual is the actual rate, and BaseRTT is the minimum 

round trip time. The details of the algorithm are as follows： 

1. First, the source computes the expected flow rate
BaseRTT
CWNDExpected = , where CWND is 

the current window size and BaseRTT is the minimum round trip time. 

2. Second, the source estimates the current flow rate by using the actual round trip time 

according to
RTT

CWNDActual = , where RTT is the actual round trip time of a packet. 

3. The source, using the expected and actual flow rates, computes the estimated backlog in 

the queue from BaseRTTActualExpectedDiff )( −= . 

4. Based on Diff, the source updates its window size as follows. 
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Figure 2.1：Window control of TCP Vegas 

 Figure 2.1 [13] illustrates the behavior of TCP Vegas. Consider a simple network with 

one connection and one link with capacity C. Let BaseRTT be the minimum round trip delay. 

The throughput of this connection is 
BaseRTT
window  when window < C*BaseRTT. In the figure, 

w corresponds to the window size where window = C*BaseRTT. When window > w, queue 

starts to build up and 0)( >− ActualExpected . TCP-Vegas increases the window size by one 

during the next round trip time if α+< wwindow  and decreases the window size by one if 

β+< wwindow .Otherwise, it leaves the window size unchanged. In the figure, Diff is user 

I’s estimated backlogged queue size in the link. TCP-Vegas tries to keep at leastα packets but 

no more thanβ packets in the queues. The reason behind this is that TCP-Vegas attempts to 

detect and utilize the extra bandwidth whenever it becomes available without congesting the 

network. 

 TCP-Vegas also proposed a new retransmission mechanism for timeout event, but we 

didn’t use it, so we didn’t mention about that. 

 TCP-Vegas have some major disadvantages, first is issue of rerouting. Since TCP-Vegas 
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uses an estimate of the propagation delay, baseRTT, to adjust its window size, it is very 

important for a TCP-Vegas connection to be able to have an accurate estimate. Rerouting a 

path may change the propagation delay of the connection, and this could result in a substantial 

decrease in throughput. Second issue is the stability of TCP-Vegas. Since each TCP-Vegas 

connection attempts to keep a few packets in the network, when their estimation of the 

propagation delay is off, this could lead the connection to inadvertently keep many more 

packets in the network, causing a persistent congestion, detail has been wrote in [14]. 

 

2.2 JTCP: Jitter-Based TCP for Heterogeneous Wireless Networks 
 

In Jitter-based TCP [9] they used (Jr)Jitter ratio to determined the reason that TCP loss 

happened. The Jr is extended and derived from traditional interarrival jitter. The interarrival 

jitter D is defined in real-time protocol’s (RTP’s) [17] , from the value of jitter , they can trace 

the delay variance of packet-by-packet. This characteristic can be utilized to investigate the 

link status. 

interarrival jitter D( i , j ) between packet i and packet j is defined as: 

D( i , j ) = ( Rj - Ri ) – ( Sj - Si ) 

= ( Rj – Sj ) – ( Ri – Si )   

And the Jitter ratio between packet i and packet j will be formulated as follow: 

)1()( −−
=

iRiR tt
DJr  ………………………………( 1 ) 

In JTCP , they apply the value of Jr to TCP’s congestion avoidance algorithm. Figure 2.3 

and Figure 2.4 are the congestion avoidance algorithm of JTCP . Figure 2.3 is the pseudo code 
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of JTCP after the sender receiving Triple-Duplicate-ACK and Figure 2.4 is the pseudo code of 

JTCP after the sender wait timer expires.  

As the Figure 2.2 mention about, when the three duplicate ACKs occur JTCP will 

determine if these ACKs arrive within a RTT. If the period for duplicate ACKs has been 

extended to the next RTT , they consider them as one congestion event , else an immediate 

recovery will occur . The reaction time of TCP is about one RTT and the senders will half 

their congestion windows redundantly. This will degrade the performance. The value of k is 

the control parameter.  

 

Figure 2.2：Diagram of JTCP after receiving TDACKs. 

The Figure 2.3 shows the pseudo code that sender receive Triple Duplicate ACKs. In the 

fast recovery, JTCP acted as TCP-Reno. In the Immediate recovery, they set a decrease factor 

(D), and 0.5 < D <= 1. If the value of D equal to 1, it’s means the sender only send out the lost 
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packet and does not reduce its sending rate, and the value of k and D is set up by the 

experimental evidence. The purpose of Immediate Recovery is to reduce the unnecessary 

degradation to improve TCP’s performance. 

 

Figure 2.3：Pseudo code of JTCP after receiving TDACKs. 

In the Figure 2.4, after the timer expires the JTCP will check is the Jr greater than k/cwnd. 

If it’s true then JTCP will enter slow star phase, else JTCP will send the loss packet immediate 

and half the congestion window, In the slow start phase JTCP act like the TCP dose same. 
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Figure 2.4：Pseudo code of JTCP after the timer expires 

Jitter-based TCP has only separate the lost to the congestion lost and the noncongestion 

lost. It didn’t consider the wireless contention of clients, and we will add this part in our 

Error-Adaptive TCP. 

 

2.3 The macroscopic behavior of the TCP congestion Avoidance algorithm  
 

In [11], they analyze a performance model for the TCP Congestion Avoidance algorithm. The 

model predicts the bandwidth of a sustained TCP connection subjected to light to moderate 

packet loss, such as loss caused by network congestion. It assumes that TCP avoids 

retransmission timeouts and always has sufficient receiver window and sender data. The 

model predicts the congestion avoidance performance of nearly all TCP implementations 

under restricted conditions and of TCP with selective acknowledgements over a much wider 

range of internet condition. 
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The TCP congestion avoidance algorithm drives the steady-state behavior of TCP under 

conditions of light to moderate packet loss. It calls for increasing the congestion window by a 

constant on each round trip and for decreasing it by a constant multiplicative factor on each 

congestion signal. Although we they assume that congestion is signaled by packet loss, they 

do not assume that every packet loss is a new congestion signal. For all SACK-based TCPs, 

multiple losses within one round trip are treated as a single congestion signal. This 

complicates our measurements of congestion signals. 

They can easily estimate TCP’s performance by making some gross simplifications. 

Assume that TCP s running over a lossy path which has a constant round trip time (RTT) 

because it has sufficient bandwidth and low enough total load that it never sustains any 

queues. 

 

Figure 2.5：TCP window evolution under periodic loss.  
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For each of derivation, we approximate random packet loss at constant probability p by 
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assuming that the link delivers approximately 1/p consecutive packets, followed by one drop. 

Under these assumptions the congestion window (cwnd) traverses a perfectly periodic 

sawtooth. Let the maximum value of the window be W packets. Then by the definition of 

congestion avoidance, they know that during equilibrium, the minimum window must be W/2 

packets. If the receiver is acknowledging every segment, then the window opens by one 

segment per round trips, so each cycle must be W/2 round trips, or RTT*W/2 seconds. The 

total data delivered is the area under the sawtooth, which is 2
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per cycle. By assumption, each cycle also delivers 1/p packets (neglecting the data transmitted 

during recovery). Solve for W we get: 
p

W
3
8

= . Substitute W into the bandwidth equation 

below: 

p
RTT

pMSS
WRTT

WMSS

leTimePerCyc
leDataPerCycBW

3
2

/

2
*

8
3* 2

=== ……………..( 2 ) 

Collect the constants in one term, 2/3=C , then  

pRTT
CMSSBW *

= ……………….( 3 ) 

 The model is not expected to apply under a number of situations where pure congestion 

avoidance does not fully control TCP performance. In general these phenomenon reduce the 

performance relative to that which is predicted by the model. Some of these situations are: 

1. If the data receiver is announcing too small a window, then TCP’s performance is likely to 
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be fully controlled by the receiver’s window and not at all by congestion avoidance 

algorithm. 

2. Likewise, if the sender does not always have data to send, the model is not likely to apply. 

3. The elapsed time consumed by TCP timeouts is not modeled. Many non-SACK TCP 

implementations suffer from timeouts when they experience multiple packet losses within 

one round trip time [15,16]. These TCP implementations do not fit the model in 

environments where they experience such losses. 

4. TCP implementations which exhibit go-back-N behaviors do not attain the performance 

projected by the model because the model does not account for the window consumed by 

needlessly retransmitting data. Although we have not studied these situations extensively, 

we believe that slow-start, either following a timeout or as part of a normal Tahoe 

recovery, has at least partially go-back-N behavior, especially when the average window is 

small. 

5. TCP implementations which use other window opening strategies (e.g. TCP Vegas [8]) 

will not fit the model. 

6. In some situations, TCP may require multiple cycle of the congestion avoidance algorithm 

to reach steady-state. As a result, short connections do not fit the model. 

Expect for item 6, all of these situations reduce TCP’s average throughput. Under many 

circumstances it will be useful to view equation (3) as a bound on performance. Given that 

Delayed Acknowledgements are mandatory, C is normally less than 1. Thus in many practical 

situations, we can use a simpler bound: 

pRTT
CMSSBW *

< …………….( 4 ) 
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 Use this simple bound we can estimate the wired bandwidth more easily, and more 

correctly. In our Error-Adaptive TCP we will modified the parameter of the equation (), in 

order to estimate the wired bandwidth more precisely.  


