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Abstract

Short-lived TCP connections, which transmit small-sized data, suffer from significant low throughput com-
pared with long-lived TCP connections, which transmit large-sized data, because of the inherent nature of the
ACK-based window flow control of TCP. In this paper, we focus on the unfairness problem caused by transmit-
ting differently sized data. We first confirm the unfairness property through simple simulation results, and show
the necessity of devising a method to improve the fairness property at the router buffer. As preparation for realiz-
ing this method, we next introduce a new analysis approach to estimate the throughput of a TCP connection when
the packet loss probabilities of each transmitted packet are different. Our analysis gives a better estimation of the
TCP throughput than the existing analyses. Using the analysis results, we propose a new method to improve the
fairness property, and show that our proposed method can improve the fairness property without degradation of

the network link utilization.



1 Introduction

Fair service among usersis one of the most important goals for those who are concerned with the quality of best—
effort traffic. Itisbecoming moreimportant asthelimit on the use of network resourcesis aleviated by broadband
access technol ogies such as the cable modem, wirelessand xDSL (Digital Subscriber Line) accesses. While much
research has recently been carried out on the QoS guarantee/discrimination mechanisms by IntServ and Diff Serv
architectures, the fairnessissue is often more important than those mechanisms. Even if the Diff Serv architecture
will be successfully deployed in the future network, fairness among users within a class is still important to be
achieved.

TCP, the most popular transport-layer protocol in the current Internet, has an inevitable unfairness property,
that is, TCP connections with different network environments (propagation delays, link bandwidths, congestion
levels, and so on) achieve quite different throughputs. Furthermore, even when the TCP connections have the same
network environment, there exists another unfairness among TCP connections that transmit differently sized data
for the inherent nature of the ACK-based window flow control of TCP [1]. This unfairness is brought by the dif-
ference of TCP window sizes whiletransmitting the data. A TCP connection transmitting small-sized data (which
is called short-lived connections hereafter) ends its transmission before it opens TCP window largely. On the
other hand, the window size of a TCP connection transmitting large-sized data (long-lived connection) becomes
sufficiently large since it takes many RTTsto transmit the data. As a result, when the short-lived connection and
the long-lived connection share the same bottleneck link, the long-lived connection utilizes larger amount of the
network bandwidth.

Furthermore, long-lived and short-lived TCP connections are affected differently by packet losses in the net-
work. For the long-lived TCP connections, the packet losses are likely to be detected by duplicate ACKs and
retransmitted by the fast retransmit algorithm [2], since the window size is sufficiently large. For short-lived TCP
connections, on the other hand, the fast retransmit algorithm is not invoked due to their small window sizes, and
they must wait for the expiration of the retransmission timer for a few seconds to retransmit the lost packets. It
further degrades the fairness property between long-lived and short-lived TCP connections.

Therefore, in this paper, we tackle the unfairness problem caused by transmitting differently sized data, and
propose a new method to achieve fairness. We first confirm the unfairness property through some ssimple sim-

ulation experiments. One possible way to overcome the unfairness problem is to count the number of packets



transmitted by each connection and change the packet discarding probabilities depending on the number of trans-
mitted packets. That is, we set the packet discarding probabilities for packets from short-lived connections to
low values and for packets from long-lived connections to high values to treat packets from short-lived TCP
connections preferentially over those from long-lived TCP connections.

To derive appropriate packet discarding probabilities, it is necessary to estimate the throughput of a TCP con-
nection when we change the packet discarding probabilities during itstransmission. Therefore, we have devel oped
a new analysis technique to estimate TCP throughput under such a situation. Through simulation experiments,
we show that our method can yield results of higher accuracy than those obtained by the previously proposed
analysis methods described in [3, 4]. To improve fairness, we propose our method, which counts the number of
packets transmitted by each connection and changes the packet discarding probabilities, which is calculated by
our analysis technique, depending on the number of transmitted packets.

The rest of this paper is organized as follows. In Section 2 we show some simulation results to confirm the
unfairness property caused by transmitted data size. In Section 3 we propose a new analysis approach to estimate
the throughput of a TCP connection when the packet loss probabilities for each transmitted packet are different.
We explain our proposed method to improve fairnessin Section 4, and show that our proposed method can improve
fairness without degradation of the network utilization in Section 5. We next describe the simplification of our
proposed method to reduce processing overheads in Section 6. Finally, we present concluding remarks and future

worksin Section 7.

2 Unfairness Caused by Transmitting Differently Sized Data

In this section, we confirm unfairness caused by transmitting differently sized data through simple simulation
experiments. In the simulation, we use the simple network model depicted in Figure 1, where we identically set
the propagation delays of the links between a router and sender/receiver hosts to 50 msec. The bandwidths of
both links are 100 Mbps, which are large enough not to limit the throughput of TCP connections. The packet
length isfixed at 1460 Bytes. The receive buffer at the receiver host and the maximum window size of TCP are
also large enough not to limit the throughput of TCP. Although no packet losses occur at the router buffer, we
intentionally introduce packet losses at the link between the sender host and the router. The packet loss ratio of

the link is denoted by p. In the simulation, the sender host sends differently sized data by TCP, and we observe



the throughput of each data transmission.

Figure 2 shows the relationship between the size of transmitted data in packets and the average throughput
of 1000-times transmissions of each sized data. From this figure, we can observe that if the size of transmitted
data is small (short-lived TCP connection), the TCP connection suffers from very low throughput. It is because
the short-lived TCP connection completes its data transmission before its congestion window becomes large,
which isinevitable due to the inherent nature of the ACK-based window flow control of TCP. Furthermore, when
packet losses occur, the short-lived TCP connection cannot detect the losses by duplicate ACK packets because
itswindow size istoo small. It brings TCP timeout, which resultsin serious performance degradation.

If the size of transmitted dataislarge (long-lived TCP connection), on the other hand, the TCP connection can
obtain high throughput as shown in Figure 2. It is because the congestion window of the connection becomes suf-
ficiently large during its data transmission, which enables it to utilize the link bandwidth effectively. Particularly
when the number of transmitted packets is between 100 and 1000 in Figure 2, the obtained throughput is quite
high. This is caused by the inflated window in the initial slow start phase of TCP. Note that since TCP doubles
itswindow size in every RTT during the slow start phase, the window size increases very fast as no packet losses
occur inthe network. In addition, a large congestion window makes it possible to retransmit lost packets by fast
retransmit and fast recovery algorithms without retransmission timeouts.

These simulation results clearly show the existence of significant unfairess in throughput between long-lived
and short-lived TCP connections. It was reported in [5] that the average size of Web documents at several Web
servers was under 10 KBytes. More importantly, Crovella and Bestavros [6] reported that the Web document
size exhibits a heavy-tailed nature, meaning that very large documents exist with certain probabilities, but at the
same time, small documents exist with large probabilities. That is, unfairness between the long-lived and short-
lived TCP connections is serious on the Internet. One possible way to overcome this problem isto set the packet
discarding probability for packets from long-lived TCP connections higher than that for packets from short-lived
TCP connections. In the next section, we develop a new analysis method of estimating the TCP throughput to

realize such a mechanism.



3 TCP Throughput Analysis

As confirmed in Section 2, there exists significant unfairness in throughput caused by transmitting differently
sized data. One possible way to overcome this problem is to treat packets from short-lived TCP connections
preferentially over those from long-lived TCP connections. It can be performed at the router buffer by explicitly
discarding incoming packets appropriately as the router becomes congested. That is, for each connection, the
discarding probabilitiesfor the packets are first set to be low. Then, as the number of packets from the connection
isincreased, the packet discarding probabilities should be set to be higher. Thisis our key idea and we can expect
that the occupation of link bandwidth by the long-lived connectionsis avoided by this method.

For realizing such a method, we must develop a new analysis to derive the throughput of TCP when packet
discarding probabilities for each transmitted packet are different, which is the objective of this section. The
analytic derivation of the throughput of a TCP connection has already been developed. See, eg., [3,4, 7]. In[3, 7],
the authors assumed that packet discarding probability p is constant, and derived the steady state throughput of a
bulk TCP flow. The authorsin [4] extended the analytical model in [3] to consider the effects of the initial slow
start phase of TCP, and investigated the data transmission delays more precisely. However, the assumption of a
constant packet discarding probability is still made. We therefore cannot apply those analytical results directly to
our approach, which attempts to improve fairness by dynamically changing the packet discarding probabilities for
packets transmitted by each TCP connection. Moreover, the analysis presented in[3, 7] estimates the steady state
throughput of TCP, which is another reason why we cannot adopt their analysis methods: we want to estimate the
throughput values of the small-sized data under 10 KByte, which is atypical size of WWW documents [5].

In what follows, we will describe the development of an analysis method to estimate the throughput of the

TCP connection transmitting arbitrary sized data when packet |oss probabilities are changed dynamically.

3.1 Assumptions

In our analysis, we make the following assumptions. The sender host uses the congestion control agorithm of
TCP Reno [2]. ACK packets are never lost in the network. The time needed to transmit all packets within a
congestion window is less than the round trip time of the TCP connection. When a packet loss occurs during
packet transmission in awindow, all of the remaining packets in the window are also lost. The packet discarding

probabilities are independent of the window size. For treating the model in which packet discarding probabilities



for transmitted packets are different, we denote the packet discarding probability for the i-th packet by p ;.

We further assume that the TCP receiver hosts send back an ACK packet every b packets, and the TCP sender
hostsincrease their congestion window during the slow start phase by ¢ on receiving an ACK packet. The initial
congestion window size of the TCP connection is w,. Note that the regular TCPusesé = 1 and w; = 1. We
will obtain the throughput in TCP data transmission of d packets by dividing the analysis into two parts. one is
for theinitial dow start phase, and the other is the following congestion avoidance phase. We show the details of

our analysisin the following subsections.

3.2 Analysis

The analysis method during the initial slow start phase follows that in [4]. Hence, we mainly describe the differ-
ence between our analysis and that in [4], particularly the difference of the packet discarding probabilities.

We define d, as the number of packets transmitted during the initial slow start phase and E|[r] as the average
roundtrip time. Since theinitial slow start phase continues until the first packet loss occurs, we can derive E|d ),

the expectation of d, asfollows:

k—1
Pldss =k = (L—p1) - pr
=1
d d
Eldy) = > Pldw=k-k+ [[1-ps)-d (1)
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Since the TCP sender host increases its congestion window by ¢ packets on receiving each ACK packet, we have

Wp41 = Wy + gwn = YWn

wherey = (1 + ). We assume that it takes n, - E[r] to send E[d ] packets during the slow start phase. Then,

Elds] = wi+yw + Ywy + Ay ey
MNss __ 1
= w? @
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From Equations (1) and (2), we can obtainn ss. By considering the limitation presented by the maximum window
size of the sender TCP, we can obtain the following equationsfor E[T's;], the time length of the initial slow start

phase. For more details, refer to[4].
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Next, we describe our analysis during the congestion avoidance phase. We depict a typical evolution of the
TCPwindow size at the sender host in Figure 3. In the congestion avoidance phase, the TCP sender host transmits
as many packets as its congestion window size. By receiving ACK packets from the receiver host, the TCP sender
host increases its congestion window and transmits new packets to the TCP receiver host. When packet losses
occur, the TCP sender host detects them by duplicate ACKs or retransmission timeouts. It then retransmits the
lost packets and decreases its congestion window. The TCP sender host repeats this cycle until all of the (d — d )
packets are successfully transmitted.

We define an epoch as a cycle from the previous packet 1oss to the next packet loss. The i-th epoch from the
beginning of the TCP connection is referred to as epoch;. In each epoch, round is defined as a time slice from
the first transmission of packet in awindow to the receipt of the ACK for the first transmitted packet. Especially,
the j-th round in the -th epoch is referred to as round; ;. The number of rounds included in epoch; is denoted
by X;. Note that packet loss actually occurs in round; x,—1, and the sender detects the packet loss in the next
round (round;_ x,) by receiving three duplicate ACKs or by waiting a retransmission timeout. The time length of
epoch; is denoted by S;. In S;, the time duration in which the TCP sender host is sending packets is denoted by
K;, and the time duration that the sender waits for a retransmission timeout (called a retransmission phase) is Z ;.
Therefore, S; = K; + Z;. Further, M; is defined as the number of packets transmitted in epoch;. We further
denote the number of packets transmitted in K; and Z; by Y; and R;, respectively. We also use ; as a probability

that timeout occurs in epoch;. Then, the following equations hold:

Si=Ki+Z;, PlZi=01=1-Q;, P[Z;>0=Q; ©)
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Equations (3) and (4) yield the following relations on the average values of S; and M;. Note that the suffix i is

necessary because the packet discarding probabilities for each packet are different.

E[Si]

E[K;|+ Qi - E[Zj]

EM;) = EYi]+ Qi E[R]
Following [3], Q; is obtained as follows:
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where W; is the window size at the end of epoch;, A;(W;, k) is the probability that the TCP host can transmit
successive k packets without packet loss in round; x,—; under the condition that at least one packet is lost in
the round. C;(m,n) is the probability that initial n packets among m packets are successfully transmitted in
round; x,. Both A;(W;, k) and C;(m, n) have been calculated in [3]. However, we extend the resultsin [3] to be
applied to our analysis model where packet discarding probabilities are changed dynamically. Here, we denote
the number of packets that the TCP can transmit from the beginning of the connection to epoch; by U;, and V; is

defined as U; 1 + Y;. We then obtain the following equations. For more details, refer to [3].
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We then have n.,, the number of epochs during the congestion avoidance phase necessary to finish the data

transmission, which can be obtained by solving the following equation:

Neca

d = Elds] + > _ E[M;] (6)
=1
From al of the above equations, we can calculate B, the throughput of TCP during the congestion avoidance

phase, as follows:

doiss (BlYi] + Qi - E[Ri])
Y (BIKG] + Qi - E[Z)
R

i|, F|K;], and E[Z;] to determine B. We denote the average val ue of

B

= (7)
Inwhat follows, we calculate E[Y;], E|

theinitial retransmission timeout by T'. We want to derive P[R; = k], the probability that in the retransmission
phase the TCP host fails to retransmit the lost packet (k — 1) times and finally transmits the k-th packet success-
fully. P[R; = k] and Ly, the time length of the retransmission phase, can be obtained as follows by considering

the exponential backoff of the retransmission timeout [2]:
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FE[Z;] and E[R;] are then given by,

d=V; d-V;
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Figure 4 shows more detailed behavior of TCP in epoch;. Referring to thisfigure, we derive E[X;] and E[Y;]
as follows. When we define «; as the number of packets that can be transmitted from the beginning of epoch;

without packet lossin epoch;, the probability of «; = k isgiven by,

k—1
Plai=k] = (1= puis+1) - PU 4k
=1
Then, E[«;] isderived as follows:
d—U;-1 d—U;_1
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Observing the behavior of TCP illustrated in Figure 4 leads to the following equation.

BlY) = Ela)+EW] -1 (11)

In the congestion avoidance phase, the sender TCP host increases its congestion window by 1 packet every b

rounds. Then we have the following equation for ;.

Wiw X
W, = 9 + o (12)
Taking the expectation of both sides of Equation (12) yields
E[W,;_ E[X;
mw) = 2=l P (13)

We can also obtain Y; by summing up the number of transmitted packets in each round; ; until packet loss

occurs:
T w W,
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By taking the expectation of both sides of Equation (14), we have
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By solving Equations (10), (13) and (15) for W;, we obtain

b1+ /(b +1)2 = 2b(~2E[Wi 1]2 + bE[Wi 1] — 4E[a] + 4)
2

EW;] =

From these equations, we determine E[X;] and E[K;] as follows:

E[K] = (E[X]+1)-El] (19)
gx) = b (e - 2

Finally, by using Equations (5), (8), (9), (11), (16), we can calculate B from Equation (7).

3.3 Validation and Discussion

In this subsection, we verify the accuracy of the analysis given in the previous subsection by comparing the
analysis results with simulation results. In the simulation, we use the same network model depicted in Section 2.
The parameters such as bandwidths or propagation delays are a so unchanged.

We first show the evaluation results when the packet discarding probability is constant for comparison pur-
poses. Figure 5 shows the relationship between the size of transmitted data in packets and the throughput in the
data transmission where we set the packet discarding probability for the link between the sender host and the
router to 0.005 (Figure 5(a)) and 0.01 (Figure 5(b)), respectively. These figures include the results of simulation
experiments, our analysis, and the analysis presented in [4]. From these figures, we can see that the analysisin [4]
cannot estimate the throughput well, especially when the number of transmitted packets is between 100 and 1000.
It is because the analysis in [4] assumes that the TCP host shifts its state to a steady state just after the end of
theinitial slow start phase. Therefore, it cannot capture the large window size after the slow start phase. On the
other hand, it can be observed that our analysis estimates the throughput of TCP with higher accuracy because we
model the detailed behavior of TCP after the initial slow start phase with large window size.

These figures aso indicate that the throughput of TCP data transmission is quite high when the size of trans-
mitted data is around 500 packets in Figure 5(a), and 200 packets in Figure 5(b). The reason is that we set the
maximum window size to so large value that the throughput of the TCP is not limited by the maximum win-
dow size, and the TCP sender can sufficiently increase its congestion window during itsinitial slow start phase.
Figure 6 shows the cases where the maximum window sizes are set to 32 and 64 packets as in the usual imple-

mentation. Here, the packet discarding probability isfixed at 0.01. We can find in this figure that the maximum
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throughput decreases since the window size during theinitial slow start phase is limited by the maximum window
size. Note that in both cases, our analysis again gives a better estimation of the throughput than the analysisin [4].

We next evaluate the accuracy of our analysiswhen packet discarding probabilitiesfor each transmitted packet
are different, which is the main objective of our analysis. Figure 7 shows the relationship between the data size
and the throughput in TCP data transmission where we set the packet discarding probability to O for the 1st
through 20th transmitted packets, and to 0.03 for the 21st and later transmitted packets. From thisfigure, we can
observe that our analysis again estimates the throughput of the TCP precisely even when the packet discarding
probabilities are dynamically changed.

We present the analysis resultsin Figure 8 for the case in which we change the threshold value. At the given
threshold, the packet loss probabilities are increased from 0 to 0.03. Note that the results labelled * Threshold=0’
in Figure 8 indicates that all packets are discarded with probability of 0.03.

It isshown in Figure 8 that by setting the threshold value larger, the throughput of the small-sized data trans-
mission can be improved. That is, we can improve fairness between long-lived and short-lived TCP connections
by setting the packet discarding probabilities for short-lived connections to 0, and that of long-lived connections
to a higher value. In the next section we will describe our proposed method to improve fairness, which changes

packet discarding probabilities appropriately by using our analysis developed in this section.

4 Proposed Method

One possible way to overcome the unfairness problem caused by transmitted data size is to treat packets from
short-lived connections preferentially over those from long-lived connections at the router buffer. The authors
of [1] realized this prioritizing mechanism by applying RIO (RED In and Out) [8], which isused in DiffServ [9].
The proposed method in [1] works under the cooperation between edge routers at the entrance of the network and
coreroutersinthe network. The edge routersclassify incoming packetsinto two categories, the packets fromlong-
lived connections and those from short-lived connections. The core routers discard incoming packets according
to the RIO algorithm having two control parameters of RED (Random Early Detection) [10]. One of the control
parameters is set for the packets from short-lived connections so that the packet discarding probabilities are low.
The other isset for those from long-lived connectionsto discard them with high probabilities. Although the authors

show the effectiveness of the proposed method, it has difficulties in requiring the cooperation between the edge
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routers and core routers, and in setting appropriate control parameters of RIO which has two control parameters
of RED. Furthermore, it categorizes TCP connections into only two types, which are short-lived and long-lived
connections, which cannot completely remove the unfairness among connections transmitting differently sized
data.

On the other hand, our proposed method does not require the cooperation between edge routers and core
routers, and gives no difficulty in parameter setting. Basically, our proposed method counts the number of packets
transmitted by each connection by using hashing mechanism, and discards incoming packets at the probabilities
which are calculated by the TCP throughput analysis described in Section 3 so that each connection obtains fair
throughput, independent of the number of packets transmitted by each connection.

Hereafter, we first discuss the goal of our proposed method in Subsection 4.1, and describe our proposed

method in detail in Subsection 4.2.

4.1 The Goal of Proposed Method

Since we aim to remove the unfairness problem caused by the transmitted data size, the ultimate goal of our pro-
posed method is to satisfy the relation presented in Figure 9(a), which shows the relation between the transmitted
data size and its throughput. Thisrelation illustrates a completely fair property, that is, the throughput of the data
transfer by TCPis perfectly independent of itssize. Asshown in the previous sections, however, we cannot realize
thisrelation, especially when the data size issmall, because of the essential nature of the TCP's congestion control
algorithm. Therefore, we modify the goal of our proposed method as follows. Sincethe small datatransfer cannot
achieve so high throughput in Figure 9(a), the ideal throughput for such small datatransfer is changed as shownin
Figure 9(b). In Figure 9(b), the ideal throughput of the small data transfer iswhat can be achieved when no packet
loss occurs during the data transfer. When the throughput with no packet |oss exceeds the target throughput shown
in Figure 9(b), the ideal throughput becomes the target throughput. Note that the ideal throughput in Figure 9(b)

is normalized to packet per RTT (Round Trip Time), since we ignore unfairness of TCP connections caused by

different RTTs.
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4.2 Detailed Algorithm

In this subsection, we describe the proposed method which realizes the relationin Figure 9(b). To do that, we need
to count the number of packets of each TCP connection passing through the router. We use a hashing mechanism
to maintain the number of packets transmitted by each TCP connection. The hash key is the combination of
source/destination | P addresses and port numbers. Each hash entry memorizes a counter for the number of packets
and the time at which the last packet arrived at the router. When a packet of a certain TCP connection arrives, the
memorized timeand the arrival time are compared. If thedifference issmaller than 77,44+ SEC, the corresponding
counter value is incremented by 1. Otherwise, the counter value isreset to 0. That iS, T'ypdate iS the parameter
to determine whether the arriving packet belongs to the existing TCP connection or a newly established TCP
connection.

After determining the number of packets which have been transmitted by the TCP connection, we discard
the incoming packets with the probabilities calculated by using the analysis results in Section 3, to realize the
throughput value shown in Figure 9(b). Seeing Figure 9(b), the target throughput needs to be first determined. We
use the similar method to RED to calculate the target throughput. That is, every time a new packet arrives at the
router, the average queue length ¢, is updated by Equation (17). In Equation (17), g isthe current queue length

and w, isthe weight value in averaging the current queue size and the previous val ue of the average queue length.

Gavg = Wq(q + (1 - wq)qa'vg (17)

RED determines the packet discarding probability by comparing the average queue length with two threshold
values, ming, and max,, [10]. On the other hand, our proposed method determines the target throughput in a
similar way. It compares the average queue length with ming, and maxy, every time N packets arrive at the

router, and regulate the target throughput as follows:

e When Qavg < minth
The router judges that the network is not so congested. Then, the target throughput is increased by the

following equation:

target < « - target (18)

In Equation (18), o represents an increasing rate of the target throughput.
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o When ming, < gavg < maxep

The target throughput is not changed.

o Whenmazin, < Gavg

The router judges that the network is congested. Then, the target throughput is decreased as follows:

target < ( - target (19

In Equation (19), 5 isadecreasing rate of the value of target throughput.

Now we have obtained the target throughput value in Figure 9(b), we next determine the packet discarding
probabilities as a function of the number of transmitted packets. We define p; 4 as the discarding probability for
the i-th packet transmitted by the TCP connection which transmits d packets and p; 4 as the average throughput
when the connection finishes transmitting 7 packets. By using the TCP throughput analysisin Section 3, we can
derive p; 4 from the number of transmitted packets d and the packet discarding probabilitiesp, (i = 1,2,---,d)

as follows:

Pi,d = f<d7p1,dap2,da o '7pd,d)

Where f is the function determining the throughput of a TCP connection, obtained from the analysis resultsin
Section 3. We aso determine the function ¢(j) which determines the ideal throughput of the j packets’ transfer,
shown in Figure 9(b).

We first derive p; 1, the packet discarding probability for the connection which transmits only one packet.
It is determined so that the value of p; 1 becomes g(1), which is the goal of our proposed method described in

Figure 9(b). That is, we determine p; ; so that the following equation is satisfied:

f(Lp1a) = g(1)

Next, we derive p; o and pa o for the connection transmitting two packets. After setting p 2 equd to p; 1, we

determine p, » to satisfy the following equation:

[(2,p1,2,p222) = 9(2)

By iterating this cal culation, we can derive the packet discarding probabilitiesp ; 4 (i = 1,2, - - -, d) aterp; 4—1 (i =

1,2,---,d — 1) are determined. That is, p; 4 (i = 1,2,---,d— 1) aresetequa top; q—1 (1 = 1,2,---,d — 1),
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respectively. Then, pq 4 is determined to satisfy the following equation by using the analysis results:

f(dapl,daPQ,da o 7pd,d) = g(d)

Every time N packets arrive at the router, we recal cul ate the target throughput and the packet discarding probabil-
ities according to the above algorithms. That is, we use the same packet discarding probabilities until the router

buffer receives N packets and the recal culation is completed.

5 Evaluation

In this section, we evaluate the performance of our proposed method described in the previous section through
simulation experiments from the viewpoint of fairnessamong TCP connectionstransmitting differently sized data.
We use the network simulator ns[11] for the simulation.

For evaluation of fairness degree, the fairness index proposed in [12] has been used in many studies. Equa
tion (20) shows the definition of the fairnessindex. = ; denotes sample data such as throughput or compl etion time
and n denotes the number of sample data. The value of f (0 < f < 1) indicates the degree of fairness among
sample data x; (i = 1,2,---,n). Fairness among sampledataz; (i = 1,2,---,n) is better as the value of f is

closeto 1.

(22;1 xi)Q

nY i v

I= (20)

In this paper, we adopt the fairness index for fairness evaluation as follows. For sample data z;, we use the
throughput values of each file transfer normalized by theideal throughput shownin Figure 9(b). We also normalize
the throughput value by the RTT value of the TCP connection, to remove the effect of the RTT value on the TCP
throughput. The normalized value is denoted by x; (= f—t) We adopt z; as sample data of the fairnessindex f.
Here, 2} isthe throughput value in packet per RTT of the TCP connection and r ; isthe ideal throughput shownin
Figure 9(b).

Figure 10 depictsthe network topology used inthissimulation. It consistsof N sender hosts (S 1, S2, - -, Sn),
N corresponding receiver hosts (R1, R, - - -, R n), two routers (router A and router B), and links connecting the
hosts and the routers. The bandwidth and the propagation delay of the links between the hosts and the routers are
all set to 100 Mbpsand 5 msec, respectively. The bottleneck link between the two routers has 30 M bps bandwidth

and 7 msec propagation delay. The buffer size of router A is 100 packets. In this simulation, the sender host S;
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transmits a certain-sized data to the corresponding receiver host R; (i = 1,2,---,N). The distribution of the
transmitted data size follows the Web document size distribution reported in [13]. Table 1 shows the detailed
distribution. We use TailDrop, RED (Random Early Detection), and the proposed method at the buffer of router
A, and evaluate the fairness of the three methods. Table 2 and 3 show the control parameters of RED and the
proposed method, respectively. The packet sizeis 512 Bytes.

Our proposed method requires the RTT value of each TCP connection to calculate the packet discarding
probabilities by using the TCP throughput analysis described in Section 3. In this simulation, we assume that the
RTT values of al TCP connections are identical and that they are known by the router in advance. That is, we set
the RTT value for the calculation of the packet discarding probabilities (RT'T,,,) to the actual RTT value of the
TCP connection (RT'T,.). However, in the actua network, the RTT value of TCP connections cannot be known
at the router. Therefore, the accuracy of the analysis decreases when we set RT'T,,,, to a value different from
RTT,., which may result in the degradation of the fairness achieved by the proposed method. We investigate the
effect of the difference between RT'T,,, and RT'T,. in the next section.

Figure 11 shows the relationship between transmitted data size and average throughput when we set 7, the
propagation delay of the bottleneck link, to 1 msec (Figure 11(a)), 10 msec (Figure 11(b)), and 100 msec (Fig-
ure 11(c)), respectively. To investigate the performance of the proposed method with the same packet loss prob-
ability, we change the number of sender/receiver hosts NV to 300 in Figure 11(a), 500 in Figure 11(b), and 1000
in Figure 11(c), respectively. In each graph, we plot the results of TailDrop (labelled “ Taildrop”), RED (“RED”)
and the proposed method (“ Our method”). We also show the ideal throughput (“Idea”), which means that if the
simulation results are closer to thisline, better fairnessis achieved. From these figures, we can observe that when
the number of transmitted packets is around 1-10 packets, the throughput of our proposed method is higher than
that of Taildrop and RED. It means that the propased method raised the throughput of short-lived TCP connec-
tions. It is because our proposed method does not discard the packets from the short-lived connections, which
has a lower throughput than the target throughput. We also find by comparing Figures 11(a), 11(b) and 11(c) that
our proposed method can increase the throughput of short-lived TCP connections regardless of the RTT values.
We can also find that in the TailDrop case the throughput increases as the size of transmitted data becomes large.
In the RED case, the throughput inflates temporarily when the transmitted data size is around 50-100 packets.
On the other hand, our proposed method can restrain the throughput inflation of the long-lived TCP connections.

That is, only our proposed method can achieve the fairness between short and long-lived TCP connections. It
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is because our proposed method discards the incoming packets with appropriate probability which is calculated
by the TCP throughput analysis. Note that the dight difference of the throughputs between the proposed method
and the ideal case in 1-10 packets of the proposed method is caused by queueing delays at the bottleneck router.
We can identify this phenomenon by observing that if the propagation delay becomes large, the difference of the
throughputs become small.

When the propagation delay becomes large (Figure 11(c)), however, the throughput of 30-100 packets trans-
mission becomes temporarily large even in the case with the proposed method. It is because our proposed method
uses a timer to determine whether an arriving packet belongs to the existing TCP connection or a newly estab-
lished TCP connection. If the propagation delay becomes large, the packet from the existing TCP connection is
often recognized as that from the newly established TCP connection. Then the packet is discarded with lower
probability than the appropriate probability calculated by TCP throughput analysis.

Table 4 shows the fairness index values of each method. From this table, we can observe that the proposed
method provides the best fairness among the three methods, regardless of the propagation delay . We further
show the utilization of the bottleneck link interconnecting router A and router B in Table 5. We can say from the
table that the link utilization of our proposed method is not degraded as compared with Taildrop and RED, by
introducing the additional mechanism at the router.

Through those results, we can conclude that our proposed method improves the unfairness property caused by

transmitted data size without degrading the link utilization.

6 Implementation |ssues of Proposed Method

In this section, we introduce two issues of the proposed method for the calculation of the packet discarding
probabilities. One is the difficulty in setting the RTT value for the calculation, and the other is the means to

decrease the calculation overhead.

6.1 Settingof RTT for theanalysis

Our proposed method cal cul ates packet discarding probabilities by the TCP throughput analysis givenin Section 3.
The analysis needs the RTT value, RT'T,,,, to be set for the calculation. In the simulation results in the previous

section, we assumed that all TCP connections had identical propagation delays for the round trip paths. In this
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case, we set the RT'T,,, value equal to the propagation delays of the round trip paths of the TCP connections.
In the actual networks, however, each TCP connection has a different RTT value. Furthermore, a router, which
activates the proposed method, cannot be informed of the RTT values of TCP connections. Therefore, we need to
investigate the sensitivity of the RTT,,,, value in the proposed method, which is the objective of this subsection.
That is, we give the simulation resultsfor the case when the RT'T,,, value isset to avalue different from the actual
RTT value of the TCP connection, RT'T,..

Figure 10 depicts the network topology used in the ssimulation. In Figure 10, the propagation delay of the
bottleneck link 7 is set to 5 msec. The propagation delay of the link between each sender host and router A
is varied from 10 msec to 105 msec in 5 msec steps. That is, propagation delays of TCP connections for the
round trip paths are varied from 40 msec to 230 msec in 10 msec steps. The other parameters of the simulation
environments are the same as those given in Section 4. We apply Taildrop, RED, and our proposed method to
the buffer of router A. In the case of our proposed method, we set the RT'T,,,, value to the minimum value of al
TCP connections' propagation delays for the round trip paths (40 msec), the average of them (135 msec), and the
maximum of them (230 msec).

The relationship between the fairness index and the propagation delay of each link between the sender hosts
and bottleneck router A is shown in Figure 12. The figure includes the results of Taildrop (Iabelled “Taildrop”),
RED (“RED"), our proposed method of which the RT'T,,,, values are 40 msec (“Our method 40 [ms]”), 135 msec
(“Our method 135 [ms]") and 230 msec (“Our method 230 [ms]”). From this figure, we can observe that the
proposed method can improve fairness as compared with Taildrop and RED, regardless of the RT'T,,,, value. It
is because our proposed method discards incoming packets from short-lived connections at low probabilities and
those from long-lived connections at high probabilities, regardless of the RT'T ,,,, value. Furthermore, we can say
that our proposed method improves the unfairness property even when the RTT',,,, valueis largely different from

the RTT,. value. This means that our propased method has little sensitivity in setting the RTT ,,, value.

6.2 Reduction of Processing Over head

Our proposed method improves fairness by changing the packet discarding probability for every packet that passes
through the router buffer. We depict this situation in Figure 13(a). Although this method can achieve quite good
fairness as shown in the previous section, it requires a large amount of processing overhead in calculating the

discarding probability for every packet by using the TCP throughput analysis, and in setting that value to each
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packet. Therefore, we introduce and eval uate the modified method, which reduces the processing overhead.

In the modified method, we change the packet discarding probability only at certain points (we call these
points thresholds hereafter), instead of varying it for every packet. That is, the packet discarding probability
between two thresholds remains unchanged, and it is changed when the number of packets exceeds the threshold
values. Figure 13(b) shows the relationship between the number of transmitted packets and the packet discarding
probabilities. In thisfigure, we define n as the number of thresholdsand d; (i = 1,2, - - -, n) as threshold values.
The packet discarding probability at the interval [d;_1,d;] is defined asp; (i = 1,2,---,n). If aconnection
transmits more than M (= d,,) packets, the packet discarding probability is fixedly set to p,,. The value of M
is set to a sufficiently large value (1000 packets in the following evaluation results). By changing the packet
discarding probabilities at certain thresholds, our proposed method need not (1) change the packet discarding
probability for every packet and (2) calculate the packet discarding probability for every packet by using the TCP
throughput analysis. Thus, we reduce the processing overhead in our proposed method.

We can derive the packet discarding probability p; (i = 1,2,---,n) a each interval [d;_1,d;], inasimilar
way to that explained in Section 4. The remaining issue ishow to determine the threshold values. We consider the
following two methods. The first method is quite simple, where we equally dividethe interval [1, M] into n parts

in the log scale. The threshold values d; becomes as follows:

log1g M
n

di = 10°

The reason for dividing in the log scale is that we need to change the packet discarding probabilities more fre-
quently when the number of transmitted packetsis small, since the throughput drastically changes in such regions,
as shown in Section 2.

The other method is to determine the optimal setting of threshold values analytically. We omit the detailed
algorithm to do that, since the problem in finding the best threshold values d ; (i = 1,2,---,n) from the inter-
val [1, M] corresponds to the simple combinatorial optimization problem. Note that since the problem is NP-
complete, we use the heuristic way to solve the problem, and derive suboptimal threshold values.

Figure 14 shows the simulation results in the same environments given in Section 4 when we apply our
modified method to router A, which presents the relation between the number of thresholds and the modified
fairness index. We show the analysis and simulation results of the two methods described above (the former

method is labelled “log” and the latter “optimum™).
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We can say from the figure that in both methods the fairness property improves as the number of thresholds
becomes large. This is because when the number of thresholds is large we can change packet discarding prob-
abilities frequently to achieve good fairness. It is important result that when the number of thresholds is larger
than 3, fairness is sufficiently good. Therefore, we can conclude that 3 thresholds are enough to obtain good
fairnessin our proposed method. Moreover, when we compare the two methods used to determine the threshold
values, we can observe that when the number of thresholds is small, fairness in the “optimum” method is better
than inthe “log” method. But, when the number of thresholds becomes large, fairness of both methods becomes
almost identical. Therefore, we can conclude that the “ optimum”™ method, which requires complex calculationsto

determine the threshold values, is not necessary.

7 Conclusion

In this paper, we have first confirmed the unfairness problem between long-lived and short-lived TCP connec-
tions, and shown that the short-lived connections that transmit small data suffer from lower throughput than the
long-lived connections. We have a so pointed out that it is hecessary to treat packets from short-lived connections
preferentially over those from long-lived connections. To realize that, we have devel oped the new analysisto de-
rive the throughput of TCP when the packet discarding probabilities for each transmitted packet are different. By
using our analysis, we have proposed our new method to improve fairness. Our eval uation results through simula-
tion experiments have revealed that our proposed method can improve the fairness property without degradation

of the network utilization.
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Tables

Table 1: Transmitted data size distribution

Document size (< 133 [KByte]) | Log Normal | Mean = 9.357 [KByte] | Std. = 1.318

Document size (> 133 [KByte]) Pareto Mean = 133 [KByte] | Shape =1.5

Think time Pareto Mean = 15 [sec] Shape = 1.5

Table 3: Control parameters of proposed method

Wy 0.002

Table 2: Control parameters of RED

ming, | 25 [packet]

Wy 0.002

maxy, | 75 [packet]

maxy 0.1

Tupdate 0.5 [SEC]

ming, | 25[packet]

N 100 [packet]

maxy, | 75 [packet]

o 1.05

Ié; 0.95
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Table 4: Modified fairness index
tau =1[ms] | 7=10[ms] | 7 = 100 [ms]

Proposed Method 0.980 0.986 0.962
TailDrop 0.670 0.643 0.710
RED 0.815 0.795 0.878

Table 5: Link utilization between router A and router B

7=1[ms] | 7=10[ms] | 7 = 100 [ms]

Proposed Method 92.0% 92.8% 92.6%
TailDrop 92.8% 93.8% 93.2%
RED 92.5% 93.0% 92.5%
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