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Abstract—Early Retransmission (ER) has already been shown
to improve TCP-SACK’s performance in delivering time sensitive
media. In this paper, we integrate the ER scheme into a delaybased TCP variant, namely TCP-PERT, and performs extensive
ns2 simulation. Our results show that ER can also improve
PERT’s performance in delivering real time media by reducing
the latency caused by retransmission timeouts. Furthermore, we
also explored the improvement brought by employing a finegrained retransmission timer, and compared it with ER. We
find out a) ER outperforms fine grained timer in a variety of
conditions and b) the combination of the two can further improve
performance.

I. I NTRODUCTION
Currently, a large portion of Internet video streaming is
delivered via HTTP over TCP. Despite being the dominant
transport protocol, TCP has been regarded as not suitable for
delivering time sensitive media for a long time. One of the
major reason for that is the latency caused by TCP’s reliable
transmission and in order delivery.
When a packet drop occurs, all the successfully delivered
packet will be stuck at receiver’s buffer until enough duplicate
acknowledgements (DUPACK) are generated to trigger the
sender to retransmit the lost packet, which is usually several
Round Trip Time (RTT) later. In the worst case, if not enough
DUPACKs is able to be generated to trigger loss recovery, TCP
sender will have to rely on Retransmission Timeout (RTO)
to retransmit the dropped packet, which will result in a even
larger latency.
Researchers have proposed several approaches to address
those problems.
TCP friendly congestion control protocols without packet
retransmission such as [1] and [2] have been proposed to eliminate the latency induced by reliable transmission. However,
the effect of packet loss in video streaming can be very severe.
For instance, loss of packet that is a part of an I-frame in
MPEG movie can cause a large group of surrounding frames
to be un-viewable. Therefore, those scheme usually rely on
FEC to overcome this problem.
Attention has also been focused on developing TCP variants
that perform Active Queue Management (AQM) at end host
to avoid packet drop and evaluating their performance in
delivering real time media. [3] shows that TCP-Vegas only
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require the achievable bandwidth to be 1.5 times the streaming
rate to achieve successful streaming. [4] find out for PERT, the
requirement is 1.6 times the streaming rate.
Finally, various researchers have put effort in reducing the
latency induced by TCP’s inherent nature. [5] proposed an
approach to reducing the latency caused by TCP’s sender side
buffering by dynamically tuning TCP’s send buffer. [6] and
[7] both target at alleviating latency caused by packet loss and
modify TCP’s in order delivery scheme by allowing receiver
to skip holes in receive buffer to make sure application thread
never be blocked due to packet loss. [6] also involves application level technique to ensure multimedia applications perform
well over their modified TCP. In [8], we proposed an early
retransmission scheme and integrated it into a typical TCP
implementation, namely TCP-SACK. ER is shown to improve
SACK’s performance by considerably reducing retransmission
timeouts.
In this paper, we measure and study the performance
improvement that ER brings to a delay based TCP variant,
namely TCP-PERT. Our ns2 based simulation shows that
ER can serve as an enhancement to further improve PERT’s
ability in delivering streaming media. In addition to that, we
also experimented with adopting a fine grained retransmission
timer to decrease the latency. Our results also show that
compared to the fine grained timer, ER’s is more effective,
and combining the two techniques together can lead to a even
bigger improvement.
The rest of the paper is organized as follows: Section
II presents relevant background information for this work.
Section III shows the simulation result of integrating ER into
PERT. Section IV compares ER with fine grained retransmission timer. Conclusions and future directions are presented in
Section V.
II. BACKGROUND
A. TCP Retransmission Timeout
Retransmission Timeout (RTO) is TCP’s last resort to trigger its loss recovery algorithm. When not enough DUPACKs
are generated, a TCP sender won’t start recovering from loss
until the timer fires. Instead of using a fixed timeout value,
TCP uses RTT samples and the formula
RTOi = SRTTi + 4 × SRTTVARi

(1)
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SRTTi = 15/16 × SRTTi−1 + 1/16 × SRTTi

(6)

and SVARi is given by
to calculate a dynamic RTO, where
SRTTi = 7/8 × SRTTi−1 + RTTi

(3)

is the smoothed RTT variance estimation.
In reality, the granularity of the RTO value calculated depends on the processor as well as OS implementation. What’s
more, most TCP implementation will clamp the minimum
value of RTO to a static value. Linux, for example, has a timer
granularity of 10ms and a minimum RTO value of 200ms [9].
So is the TCP implementation in ns2.
B. Early Retransmission
Despite the enhancement brought to its recovery algorithm
by NewReno and SACK [10], TCP will invariably resort to
retransmission timeout to trigger loss recovery if not enough
DUPACKs are generated. [11] shows 85% of the timeouts
in Internet traffic is caused by non-trigger of loss recovery
algorithm.
Aimed at reducing the number of RTOs via eliminating non-triggers. ER used a similar technique in [12] and
combined TCP’s classic three duplicate acknowledge heuristic with a timeout/threshold mechanism, where a dynamic
timer/threshold value is maintained. Each time when a DUPACK arrives, the round trip time of that DUPACK will be
compared with the timer and TCP’s recovery algorithm will
be triggered if the round trip time is greater than the threshold,
which is given by
F-RTO = RTT’max + RTT’min

(4)

, where RTT’max is the estimation of the max round trip time,
and is calculated through
RTT’max = SRTTi + 2 × SVARi

(7)

We use the minimum round trip time experienced as the
estimation for RTTmin .

is the smoothed average RTT estimation and
SRTTVARi = 3/4 × SRTTVARi−1 + RTTVARi

SVARi = 3/4 × SVARi−1 + 1/4 × VARi

(2)

(5)

C. PERT
Being a delayed-based TCP variant, Probabilistic Early
Response TCP (PERT) is designed to emulate AQM at end
host. A PERT sender constantly measures queuing delay and
associates it with network congestion level. When it senses the
network to be congested, the sender will slow down proactively to avoid packet drop. This is achieved by performing
proactive slow down with a probability that is a function of the
measured queuing delay. Different early response function can
be chosen depending on the algorithm one wants to achieve.
Currently, the early response function shown in Figure. 1 that
emulates the behavior of RED [13] is used by PERT. [14]
and [15] explored PERT’s performance in a homogeneous
and heterogeneous environment respectively. In [4], PERT is
shown to have a much better performance in delivering real
time media than TCP-SACK.
III. PERT VS . PERT-ER
In this section, we measure and study the performance
improvement from integrating ER into PERT. To get a better
feeling of how ER and AQM can bring improvements incrementally, the results of TCP-SACK are also collected.
A. Simulation Methodology
Throughout this paper, a dumbbell network topology shown
in Figure. 2 is used, where different TCP flows are given
enough bandwidth at access link, but compete for limited
bandwidth at the bottleneck link.
Values for various parameters of ns2 simulation are shown
in Table. I.

Parameter
Simulation Duration
Bottleneck Link Bandwidth
Access Link Bandwidth
Round-trip Prop. Delay
Router Buffer
CBR Flow #
FTP Background Flow #
HTTP Background Flows
Background Flow Protocol
MSS
Media Encoding Rate
TCP Maximum Window Size

Successful Streaming Rate, 1.2 < T/mu < 1.6

1

Success Rate

0.8

0.6

0.4

Value
1000s
25Mbps
10Mbps
50ms
0.5 BDP ∼ 2.0 BDP
16 ∼ 40
16 ∼ 40
200
TCP-SACK
1000Byte
300kbps
64KB
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To provide a good metrics for evaluating media delivery
performance, we modify the TcpSink module in ns2 to
record the time when a packet is ready to be fed to layer-5
application and put all those timestamps into a log file. After
the simulation run, different start up delay (SUD) is applied
against those timestamps to collect the number of packets that
miss play out deadline (Late Packets). As [16] shows that a
late packets percentage of as little as 3% can affect up to 30%
of the frames in MPEG-1 video, we define a video stream
to be successful if less then 0.01% of its total packets sent
miss their play out deadline. [17] and [3] also use identical
methods.
We use a pair of Constant Bit Rate (CBR) traffic generator
and receiver to simulate a video streaming flow. In addition to
that, FTP and HTTP flows are introduce to create cross traffic
and cause congestion at the bottleneck link. PERT, PERT-ER
and TCP-SACK is used as the underlying transport protocol
for CBR flows, and their performance compared to see how
AQM and ER can improve the performance of delivering real
20
time media. Both FTP and HTTP background flows use TCPSACK as their transport layer protocol.

Fig. 3: Successful Streaming Rate vs. Start Up Delay With
Varying T /µ

In order to evaluate the improvement brought by ER and
AQM under different conditions, we fix the number of CBR
flows to be the same as the number of FTP flows, and vary the
number of those two flows to create a different ratio between
achievable bandwidth and CBR rate, which is 300kbps. From
now on, we will refer to this ratio as T /µ . 1 The number of
HTTP flows is fixed at 200. The number of flows are picked
such that their T /µ fall into the range of [1.2−2.4]. In addition
to that, we also vary the buffer size at bottleneck link from
0.5 × BDP to 2.0 × BDP to obtain a drop rate range.
Each simulation was run for 10 times with a duration of
1000 seconds, during which both the CBR and FTP flows
started randomly from 0 to 50 seconds.
B. Simulation Results
In this section, we classify the sample flows into different
categories according to their T /µ value. Figure. 3 shows the
fraction of successful streams of all the sample CBR streams
whose T /µ fall into the region of [1.2, 1.6], [1.6, 2.0] and
[2.0, 2.4]. Recall that we define a stream to be successful
if only 0.01% of its packet arrives later than its play out
deadline. As we increase the SUD , the deadline of each packet
is essentially postponed, therefore the curves of successful
streaming rate will increase monotonically as SUD increases.
In addition to that, it can also be observed that successful
streaming rate increases as T /µ increases, this is because a
higher T /µ means a higher average bandwidth available for
streaming.
We can see from Figure. 3 that SACK can only roughly
achieve 100% success when SUD is 20 seconds and T /µ
is in the range [2.0, 2.4]. This matches the results in [17],
where TCP-SACK is shown to provide satisfactory streaming
performance only when T /µ is greater than 2.0. PERT, on
the other hand, can a achieve a success rate very close to
100% when SUD is 10 second and T /µ is greater than 1.6,
which shows PERT’s AQM scheme can truly provide a very
big improvement to TCP. This finding is also very identical to
the ones in [4].
When ER is integrated to PERT, we can see the performance
is further improved, and the improvement increases as T /µ
decreases. For instance, when SUD is 5 seconds, ER is able
to help increase successful streaming rate by 16%, 4% and
0.5% for the three T /µ respectively. This is quite intuitive as a
smaller T /µ means a larger number of flows competing for the
limited bandwidth, and therefore packet drop will occur more
often and so is retransmission timeouts. We believe ER can
reduce more retransmission timeouts in this condition. Since
performance in delivering streaming media is related to the
latency caused by RTO, ER should be most effective when
T /µ is low. To verify this claim, we collect the total time
each TCP sender spent in waiting for a retransmission timer
to expire. We will refer to this as Session Frozen Time (SFT),
because not a single packet is flowing from sender to receiver
1 This notation follows the naming convention in [17]. T is calculated by
dividing the measured overall bandwidth of both the CBR and FTP flows by
the total number of flows. µ is simply the CBR sending rate.

during those time and the stream is frozen. SFT is going to
be the metric used in this paper to evaluate latency caused by
RTO.
Figure. 4 shows the average Session Frozen Time of the
sample streams with T /µ ranging from 1.2 to 2.4. Error bars
show 90% confidence interval. From this we can also see
a clear improvement from SACK to PERT and from PERT
to PERT-ER. What’s more, the improvement ER brings to
PERT also has similar pattern as success rate. Therefore,
this serves as a good proof to our previous claim that the
improvement in success streaming brought about by ER is
attributed to its capability in avoiding retransmission timeouts
and the difference it makes is most obvious in low T /µ cases.
To summarize, the results in this section show that by integrating ER into PERT, we can further improve its performance
in delivering time sensitive media.
IV. ER VS . F INE G RAINED R ETRANSMISSION T IMER
By having a finer granularity in calculating RTO and removing the clamp on minimum RTO value, we will allow
TCP to consider a packet dropped with a shorter waiting
time, which will help recover from loss faster. However, being
less “patient” will give the bottleneck less time to drain the
backlogged packet at its buffer, and therefore may incur some
penalty as the retransmitted packets can also get dropped.
In this section, we set the granularity and minimum RTO
value2 in PERT to be 1ms and compare its performance
improvement with ER. Besides that, we also want to explore
if PERT-ER can be further improved by having a fine grained
RTO timer.
A. Simulation Methodology
The same simulation settings in Table. I are used in this
section. Among all the test flows, we pick those with T /µ
falling into the region of [1.0, 1.5] and collect successful
streaming rates of PERT, PERT-ER and those two with fine
grained RTO. Apart from that, drop rate, total number of
timeouts and SFT are also collected.
B. Simulation Results
Figure. 5 and Figure. 6 show the successful streaming rate of
all 4 buffer size cases. Firstly, we notice the performance of all
protocols is negatively affected by the increase in buffer size.
This is due to the nature of PERT and delay based protocol
in general. When a big buffer is used, after overflow happens
the bottleneck router won’t have enough time to drain out all
the backlog before packets starting to get backlogged again.
Therefore, queuing delay will constantly stay at a high level,
and PERT will attempt to reduce the queue size by performing
early response more frequently. The loss based TCP-SACK,
which is used by all the background traffic, will do the exact
opposite: increasing sending rate until another buffer overflow
occurs. Hence, throughput of PERT will be negatively affected.
However, this doesn’t prevent us from evaluating ER and fine
2 tcp

tick and minrto in ns2

PERT
80KB
160KB
240KB
320KB

RTO Numbers
SFT(sec)
RTO Numbers
SFT(sec)
RTO Numbers
SFT(sec)
RTO Numbers
SFT(sec)

PERT with fine
grained RTO
335 (82)
40 (-21)
205 (65)
28 (-5)
117 (37)
16 (-2)
72 (20)
11 (+2)

253
61
140
33
80
18
52
9

PERT-ER
96
29
43
12
21
5
14
3

PERT-ER with
fine grained RTO
149 (53)
14 (-15)
83 (40)
9 (-3)
35 (14)
5 (0)
25 (11)
5 (+2)

TABLE II: RTO Number and SFT Comparison

Buffer = 0.5 BDP (80 KB)

1

Success Rate

0.8

Success Rate

0.8
0.6

0.6

0.4

0.4

PERT
PERT with Fine Grained RTO
PERT-ER
PERT-ER with Fine Grained RTO

0.2
0

Buffer = 1.0 BDP (160 KB)

1

2

4

6

8

10

12

Start up delay

14

16

PERT
PERT with Fine Grained RTO
PERT-ER
PERT-ER with Fine Grained RTO

0.2

18

0

20

2

4

6

(a) Buffer=80KB

8

10

12

Start up delay

14

16

18

20

18

20

(b) Buffer=160KB

Fig. 5: Fraction of Successful Stream: fine grained RTO , 80KB, 160KB

Buffer = 1.5 BDP (240 KB)

1

Success Rate

0.8

Success Rate

0.8
0.6

0.6

0.4

0.4

PERT
PERT with Fine Grained RTO
PERT-ER
PERT-ER with Fine Grained RTO

0.2
0

Buffer = 2.0 BDP (320 KB)

1

2

4

6

8

10

12

Start up delay
(a) Buffer=240KB

14

16

PERT
PERT with Fine Grained RTO
PERT-ER
PERT-ER with Fine Grained RTO

0.2

18

20

0

2

4

6

8

10

12

Start up delay
(b) Buffer=320KB

Fig. 6: Fraction of Successful Stream: fine grained RTO , 240KB, 320KB

14

16

grained RTO , as what we focus on is the improvement brought
to PERT by the two techniques, rather than the absolute result.
To start with, it’s clear that fine grained RTO can increase
the success rate of both PERT and PERT-ER. That is most
obvious in small buffer cases. For instance, when SUD is 5
seconds and buffer is 0.5 BDP, fine grained RTO is able to
improve success rate of PERT by 24% and PERT-ER by 8%,
when buffer is 1.0 BDP, PERT is improved by 18% and PERTER is improved by 6%. On the other hand, we also notice the
improvement diminishes quickly as buffer size increases.
What’s more, compared to ER, fine grained RTO’s help is
not as effective. ER is able to increase PERT’s success rate by
33%, 28%, 22% and 15% in the 4 buffer cases when SUD is
5 seconds, whereas fine grained RTO can improve PERT only
by 24%, 18%, 8% and 1% in the same condition.
To further explore the effect of fine grained RTO , we
collect the average RTO Number and SFT of all the 1240
flows involved in the test and list them in Table. II.
Table. II shows that when fine grained RTO is applied,
PERT and PERT-ER both have a higher number of timeouts
than before. When buffer size is 80KB, for example, fine
grained RTO increase PERT’s average timeout number by 82
and PERT-ER’s average timeout number by 53. This verifies
our concern that removing the lower bound on the timeout
value and increase its granularity will incur some extra penalty.
On the other hand, it is also shown that the SFT is reduced
because of fine grained RTO . The is because when small
buffer is applied, the value computed according the RTO
formula is much smaller than the 200ms clamp on minimum
value. Therefore, even though total number of timeouts are
increased, the time saved in waiting for each RTO to expire
still outweighs the penalty.
When looking at the impact of buffer size on fine grained
RTO’s ability in reducing latency caused by RTO, we observe
a similar trend as what is found in success rate results: the
larger the buffer size, the smaller the improvement. This shows
that fine grained timer’s improvement in success streaming
rate is due to its ability in reducing the latency caused by
retransmission timeouts. As for the reason why fine grained
timer’s performance is negatively affected by large buffer size,
we believe there are two: 1) Drop rate gets lower as buffer
size increases. 2) Fine grained timeout value gets closer to the
200ms clamp.
When comparing the ability of fine grained RTO and ER in
reducing the latency caused by RTO and improving successful
streaming rate, our results show that ER’s performance is
consistently better. We believe this is because the different
approaches taken by the two techniques. Fine grained RTO
simply relies on a smaller timeout value and achieves the
objective by saving the time spent in each timeout, whereas
ER is aimed at proactively avoiding timeouts, which is the
reason why it’s performance is not affected by big buffer as
much.
Figure. 5, Figure. 6 and Table. II also shows that when ER
and fine grained RTO are combined, latency can be further
reduced and success rate can be increased greater.

V. C ONCLUSION
This paper presents the result of incorporating an early
retransmission approach into a delay based TCP variant with
an aim to improve its performance in real-time streaming
media delivery.
Our simulation results show that ER is able to help PERT
reduce the latency caused by retransmission timeout in various
settings. As a result, constrained streaming using PERT-ER can
have a higher success rate.
Moreover, compared to fine grained retransmission timeout,
ER’s effective in reducing latency is more effective, and the
combination of the two technique can produce a even better
performance.
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