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Abstract: TFRC (TCP (Transmission Control Protocol) Friendly Rate Control) has been widely used n wired
netwarks for its enhanced friendliness and fairness. However, TFRC cannot distinguish between packet losses
due to network congestion and those due to wireless link error in wireless networles. Thus, in this study an
mnproved TFRC scheme that 1s able to differentiate between congestion losses and wireless link error losses
for wired/wireless hybrid networl is proposed. Specifically, the improved TFRC scheme utilizes the information
of the one-way delay to regulate the transmission rate at the sender and simulation experimental results show
thus strategy 13 effective and performs much better than the traditional TFRC.
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INTRODUCTION

With the rapid development of Internet technology,
various kinds of real-time streaming services have
appeared recently m heterogeneous wired and wireless
networks (Taleb et al., 2008).

Because of its advantages over TCP, User Datagram
Protocol (UDP) has been widely adopted by most of
real-time streaming services at present (Floyd ef af., 2000).
However, UDP has some intrinsic drawbacks and cannot
meet the requirements of bulk data transfer perfectly
(Ren et al., 2009). Specifically, UDP does not have the
congestion control mechanism which results in a high
rate of packet loss due to network congestion and an
aggressive bandwidth occupation compared to TCP.
Those disadvantages may lead to the breakdown of
whole networks under serious conditions. In addition, the
ever-increasing real-time multimedia services yield a rapid
growth in network traffic, making the network congestion
@Vell IIOTe Serious,

Thus, 1t affects the transmission of UDP own
application in turn and further exacerbates network
congestion (Peng and Zheng, 2010; Mayadas ef af., 2009).

Therefore, real-time streaming services require a
proper congestion control mechanism which not only
avold each node transiting packets blindly and
aggressively but also is TCP-friendly, where a mecharnism
is “TCP-friendly” if it is reasonably fair when competing
with other TCP flows for bandwidth (Bruno et al., 2008).

TCP-friendly congestion control 15 a well-known
congestion control mechanism. Roughly speaking, it
can be divided into two categories, namely, the
windows-based approach and the rate-based approach
(Widmer et al., 2001). The windows-based TCP-friendly

congestion control mechanisms may yield a sudden flow
and result in a large delay jitter. Hence, this approach 1s
not suitable for real-time streaming media applications. In
comparison, the rate-based TCP friendly congestion
control mechamsms make use of congestion mformation
of network to adjust transmission rates. TFRC 1s the
representative of such kind of congestion control
mechamsms (Floyd et al., 2003).

TFRC was designed originally for the wired networks.
Unfortunately, TFRC cannot distinguish between packet
losses due to congestion and those due to wireless link
error in wireless environment. To distinguish those two
different types of packet losses, many previous works
have been carried out.

For mstance, Lin and Long (2010) used the average
delay jitter to determine the causes of packet losses in
wireless network and to control the packet sending rate
accordingly. In comparison, Li et al. (2006) proposed to
use the jitter ratio to determine the causes of packet
losses. Zhou et al. (2007) proposed an enhanced TFRC
scheme trymg to distinguish the two types of losses
based on the differentiating method used in TCP Veno.
Pyun et al. (2003) proposed a WM-TFRC scheme that
adopts the Access Point (AP) in wireless Local Area
Network (LAN) to measure the rate of loss events and
feeds back its value to the sender. Meanwhile, the
receiver also provides feedback about the rate of total
loss events to the sender. Thus, the sender can calculate
the rate of congestion loss events.

Different from the previous works that used
Round-Trip Time (RTT) to distinguish two types of
packet losses, an improved TFRC scheme that only uses
the one-way delay to differentiate two types of packet
losses is proposed.
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When the receiver receives a packet from the sender,
it costs some time for the receiver to process and generate
an Acknowledgment (ACK) to the sender, denotes it as
T,. Then the measured RTT 1s defined as:

RTT =RTT™T, (D
where, RTT" is the actual time of transmission of the
packet in the networks, here, RTT is corrupted by T,
(Lietal, 2010).

Specifically, the one-way delay 13 a measure of
duration for packet delivery from the sender node to the
receiver node in the networks (Choi and Yoo, 2005). Since
the one-way delay does not include the processing time,
thus, 1t 15 more accurate and simple than the RTT.
Furthermore, video transmission 1s basically regarded as
one-way transmission except for some control
information. That is, the sender node is only responsible
for sending the wvideo packets and the receiver node
receives those. Therefore, the one-way delay which 1s
from the sender to the receiver, does need to considered
while the reverse one is ignored. For the above
reasor, only part of mnformation of the RTT is needed
(Al-Omarn et al., 2009). In this study, an improved TFRC
scheme adopts the information on the one-way delay to
differentiate between congestion losses and wireless
link error losses for wired/wireless hybrid network 1s
proposed.

MECHANISM OF TFRC

TFRC was proposed originally to ensure fairness in
bandwidth sharing among different TCP flows. The key
advantage of TFRC 1s that it 1s able to mamtain a
relatively smooth packet-sending rate and reduces the
fluctuation in throughput over time in comparison with
TCP. Therefore, TFRC is more suitable for applications
such as telephony and streaming services that usually
have relatively smooth sending rates.

Specifically, a stable sending-rate mathematical model
of TCP Reno (Padhye et al., 2000) was given by:

X=

(2)

S
2bx P

3bxP
R

where, X denotes the sending-rate in bytes/second. S
represents the packet-size mn bytes. R 18 the round trip
time in seconds. Pe[0,1] stands for the loss event rate, 1.e.,
the ratio between the total number of packets lost and the
total number of packets transmitted. tgp, is the timeout
value for TCP retransmission m seconds and b 1s the

P{1+32P%)
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nmumber of packets acknowledged by a single TCP
acknowledgment. tzr, and b are normally set to tgro = 4R,
b =1, respectively.

The detailed workflows of TFRC are as follows:

A receiver measures the loss event rate and returns
an ACK with this information to the sender

The sender uses these messages to calculate the
round-trip time

The sender puts the loss event rate and round-trip
time into the throughput Eq. 2 and obtams an
acceptable sending-rate

The sender uses the obtained sending-rate to send
packets to the corresponding receiver

CHALLENGES OF TFRC IN WIRELESS
ENVIRONMENT

TFRC has been widely adopted for rate control and
it works pretty well m wired networks. However, the
performance of TFRC degrades sharply in wireless
networks, where the packet losses may derive from
wireless link errors including the transmait bit errors, fading
and handoffs (Walse and Dhotre, 2007). Pervious work
pointed out that TFRC designed originally for the wired
networks and hence it cannot distinguish between packet
losses due to congestion and those due to wireless link
error (Jung et al., 2006). As a result, TFRC can only be
used to deal with the buffer overflow in the wired network,
since it blindly interprets any kind of packet losses as an
indicator for congestion. However, as mentioned earlier,
the packet losses may also derve from a short-term
wireless link error, such as the frequency-selective fading
due to multi-path transmission, co-channel interference
etc. Taking any packet loss as an indication for
congestion results in a conservative rate control and
hence TFRC usually suffers from throughput loss in
wireless networks. In this study, an improved TFRC
scheme based on the one-way delay for receiver to
distinguish between packet losses due to network
congestions and those losses due to wireless link error 15
proposed. The proposed improved TFRC scheme
achieves better performance and is more simply than the
conventional schemes in wireless environment.

THE PROPOSED SCHEME

To focus on the objective in this study, two kinds of
packet losses are considered, namely, the losses due to
congestion and the losses due to wireless link error. As
mentioned before, the key task of the wnproved TFRC
mechanism is to distinguish these two kinds of packet
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losses accurately. Tt is well known that network
congestion occurs when the packet sent exceed the
capacity of network, resulting in that the packets
are accumulated at mtermediate nodes, e.g., routers
(Wu et al, 2009, Sasipraba and Srivatsa, 2006).
Congestion may lead to a long delay. The more serious
the network congestion 1s, the longer the packets queue
in the router and the greater the one-way delay is
(Al-Nabhan et al., 2006).

Since one-way delay time caused by wireless link
error usually is much shorter than that caused by network
congestion, this phenomena can be used to improve the
TFRC scheme such that the aforementioned two different
causes of packet losses can be differentiated.

Let 3, be the time to send the i1-th data packet and let
R; be the time to receive the i-th data packet. Then, R-S,
denotes the one-way delay for delivery of the 1-th packet.
Specifically, let SLD, = R-S, denote this one-way delay
and D denotes the delay jitter. In further, the delay jitter
is defined as the difference between two consecutive
one-way delay, i.e., it is given by:

D, i-1) = SLD-SLD, (3)

Specifically, the delay jitter D=0 denotes a longer
delay suffered by the new packet. If the delay jitter D 1s
greater than a threshold K, 1.e., SLD-SLD, =K, then the
network 1s assumed to be congested and the packet loss
15 due to the network congestion loss. Otherwise, the
packet loss 1s considered to be caused by the wireless
network link error. To avoid the occurrence of a large
delay jitter due to a sudden change in network condition,
e.g., topology, the weighted average one-way delay is
mtreduced, that 1s:

SLD: = SLD.1 +{1- )LD, (4)

where, o 18 the weight.
When the network 1s congested, D 1s greater than the
threshold K, 1.e.:

SID. —SiDw >K (5

Take Eq. 4 into Eq. 5 to get:

oSLD. +(1- )LD, 8D »K (6)
In addition, Eq. & can be equivalently changed into:

(1- SLD., +K < (1~ )LD, (7)

o1

(8)

SLD, ~SLD:s > E

Since SLDu >0, a new threshold can be obtained as
follows:

SLD, K
i | (9)
SLDi SLDia(—w)

For normal real-time multmedia applications, when
the variation of the one-way delay is greater than 10%, the
network 1s normally considered to be or has been
congested (Chen et al., 2003). Therefore, K is generally
set to be 0.1xSLDw .

Let:

SLD,
SLD,

n=

If packet loss are detected and then 7 needs to
be calculated to determine whether the
packet loss is caused by congestion or wireless link error.

network

n> % +1 means that the one-way delay of the network 1s
increasing and the network tends to be congested. In this
case, the cuwrrent packet loss caused by congestion
happens. Therefore, the packet-sending rate should be
reduced to avoid congestion. On the other hand,
ne2t 4 represents that the one-way delay of the
network is reducing and the packet loss is due tothe
wireless link error. In this case, the current packet loss
caused by wireless link error happens. Therefore,
the packet-sending rate does not need to be reduced.

The value of 1 mainly depends on the choice of «
which means that the chosen of « affects the performance
of the algorithm significantly. Since ¢ is normally set to be
a value from 0.6-1.0, thus many experimental tests have
been taken to determine the value of ¢ in this interval. The
result of the tests shows that 0.95 is the best choice for c.

The mechanism of the improved TFRC 1s shown as
follows:

¢ When the receiver receives a packet, the one-way
delay of the packet is firstly calculated and then if
packet losses are detected, the reason of the losses
needs to be judged. Hence, the packet loss caused
by wireless link error is ignored by the calculation
of event loss rate. After calculation of the event
loss rate, the receiver feeds back an ACK to the
sender
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¢+ The sender uses these messages to calculate the
round-trip time

*  The sender puts the loss event rate and round-trip
time nto the throughput Eq. 2 and obtams an
acceptable sending-rate

¢+  The sender uses the obtained sending-rate to send
packets to the corresponding receiver

SIMULATIONS AND ANALYSIS

Here, simulations are carried out in order to measure
the performance of the improved TFRC compared to TCP
and the traditional TFRC. All the simulations are using
Network Simulator 2 tool (NS-2). A dumbbell network
topology in the simulations 1s shown in Fig. 1. 31 and S2
stand for bottleneck in the wired link. They are the
mtermediate poits in the networks. WN1 and WNO stand
for wired source node that send TCP flow and TFRC flow
respectively. N1 and NO are both wireless destination
node that receive the TCP flow and TFRC flow
respectively. In other words, WN1 and WNO are the
senders and N1 and NO are the receivers. The link
between WN1 and S1, WNO and S1, S1 and S2 are wired
link. The link between S1 and S2 also is bottleneck link.
The Iink between S2 and N1, S2 and NO are wireless link.
The network related parameters are list in Table 1. The
packet size of TCP flow, TFRC flow and the unproved
TFRC flow are set to 1000 Bytes.

Simulation scene 1: A TCP flow 15 established between

WNI and N1 while the data flow between WNO and NO 1s
the traditional TFRC flow and the total time of this

Table 1: Parameters-setting in simulation scene

Parameter Value
Bottleneck link bandwidth 5 Mb sec™!
Bottleneck link delay 5 msec
Wired link bandwidth 100 Mb sec™!
Wired link delay 1 msec

The way of packet loss Drop tail
Wireless link bandwidth 11 Mb sec™!

Packet loss rate of wireless link 0.05
Test duration 120 sec

WNI N1

Bottleneck link

Wire link Wireless link

'WNO, WN1: Wired note
NO, N1: Wireless node
WNO S1, S2: Intermediate points NO

Fig. 1: Wired/wireless hybrid network topology

simulation is set to 120 sec. Figuwre 2 shows the
throughput of both TCP and traditional TFRC acquired in
this simulation. The average throughput of original TFRC
in Fig. 2 is 2917 kb sec™ and the average throughput of
TCP is 1679 kb sec™. The throughput ratio of the
traditional TFRC and the TCP flow is 1.73. The results
demonstrate the friendliness of TFRC to TCP.

Simulation scene 2: A TCP flow is established between
WN1 and N1, the data flow between WNO and NO 1s the
improved TFRC flow and the total time of this scene is set
to 120 sec. Figure 3 shows the throughput of both TCP
and improved TFRC acquired in this scene. The average
throughput of improved TFRC in Fig. 3 is 3048 kb sec™
and the average throughput of TCP is 1614 kb sec™. The
throughput ratio of the traditional TFRC and the TCP flow

40007 —— TCP

—— TFRC
3500
3000
2500
2000

1500 1

Throughput (kb sec ')

1000

500

O T T T T T 1
0 20 40 60 80 100 120

Time (sec)

Fig. 2: Throughput comparison between transmission
control protocol (TCP) connection and TCP
friendly rate control (TFRC) connection
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T
0 20 40 60 80 100 120
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Fig. 3: Throughput comparison between TCP connection
and improved TFRC connection
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Fig. 4: Throughput comparison between original TFRC
connection and improved TFRC connection

Table 2: The statistical comparison table of simulation results

Average Average
throughput  throughput

Tatal throughput

Algorithm (kb sec™))  of TCP (kb sec™!) of Network (kb sec™)
Original TFRC 2017 1679 4596
Improved TFRC 3048 1614 4662

is 1.88. The results show that the improved TFRC can
fairly share the wireless bandwidth with TCP which means
the improved TFRC supports TCP-friendliness.

Figure 4 1s the performance comparison of
throughput between the traditional TFRC and the
improved TFRC. Table 2 shows the comparison lists
of the traditional TFRC and the mmproved TFRC in
detail.

The amplitude fluctuation of the improved TFRC’s
curve 1s less than that of the traditional TFRC m Fig. 4. It
illustrates that the proposed scheme can improve loss
packet discrimmation. Hence, 1t can increase the reliability
of network congestion control and the stability of the
network performance. Figure 4 demonstrates that the
mmproved TFRC performs better than the traditional TFRC
i throughput. The average throughput of wnproved
TFRC is 131 kb sec™ larger than the traditional TFRC.
However, the average throughput of TCP only reduced
65 kb sec™ which indicates that the total throughput of
the network has mcreased.

In addition, the throughput of TFRC increased 3.07%
by using the mechanism in Lin and Long (2010) while the
proposed immproved TFRC scheme m this study has
enhanced the throughput by 4.5%. In addition, the curve
of the proposed improved TFRC is more flat than the one
in Lin’s. The throughput ratio of the improved TFRC and
TCP 15 1.88 whle this value 1s 2.46 referenced to Lin’s. In
other words, the proposed improved TFRC 13 more
TCP-friendly than that appeared in Lin’s.

CONCLUSION

In this study, an improved TFRC scheme is proposed
which 13 based on the one-way delay to distinguish
packet losses due to network congestion and those
losses due to wireless link error for wired/wireless hybrid
networks. The results of the simulations demonstrate that
the improved TFRC scheme achieves a better performance
than the original TFRC. Tt has not only enhanced the
throughput of the whole network but is also more
TCP-friendly.
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