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Abstract

Real-time streaming over wireless links is challenging.
The streaming protocol must be efficient and robust to ran-
dom wireless loss, fair to itself, and friendly to legacy
TCP. Various solutions have been proposed in the liter-
ature, among which the Video Transport Protocol (VTP),
TFRC Wireless, and MULTFRC are end-to-end representa-
tives. In this paper we provide an in-depth comparison on
the performance of VTP, TFRC Wireless, and MULTFRC
in various wireless scenarios. The results show that VTP
and TFRC Wireless both perform well and deliver simi-
lar performance, with VTP exhibiting greater efficiency and
smoothness in presence of heavy errors. In contrast, MUL-
TFRC performs less satisfactorily, as it experiences large
rate fluctuation and slow convergence caused by the fre-
quent changes in the number of simultaneous connections.

1 Introduction

Real-time video streaming is an important application
on the Internet. Unlike conventional applications such as
file transfer and email, real-time streaming requires a mini-
mum bandwidth as well as stringent bounds on the end-to-
end delay and jitter. TCP, the most widely used transport
protocol, can be applied to streaming under certain condi-
tions [7]. However, since the instantaneous sending rate
of TCP changes drastically with time, buffering is needed
[10], which causes a startup delay of seconds or longer.
For Video-on-Demand (VoD) this delay is tolerable, but
for real-time, especially interactive applications, e.g. video
conferencing and online gaming, delay has to be very small
[11]. Moreover, more and more portable wireless devices
are now connected to the Internet. These devices are often
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small and inexpensive with limited computation and mem-
ory capabilities; large buffer capacity is not expected.

To address this problem, several cross layer and end-to-
end rate control mechanisms have been proposed. Cross
layer approaches [6] usually require modifications to both
end hosts and gateways. The deployment difficulties often
render such approaches not as feasible as end-to-end so-
lutions. TCP Friendly Rate Control (TFRC) [4] is a pop-
ular end-to-end scheme that attempts to match the long-
term throughput of TCP1 while keeping a smoother sending
rate. Similar to TCP, TFRC assumes every packet loss as
congestion-induced and reacts by cutting the sending rate.
In wireless networks where packet loss can also be due to
signal attenuation, fading, scattering, interference, or mo-
bility [9],TFRC is known to have reduced efficiency [14].

TFRC wireless [2] and MULTFRC [3] are recently pro-
posed extensions to TFRC that target to provide more effi-
cient support against wireless loss. Alternatively, we have
also proposed an end-to-end rate control mechanism for
real-time streaming in the context of Video Transport Pro-
tocol (VTP) [13]. Unlike the equation based TFRC pro-
tocols, VTP achieved robust wireless performance via a
combination of rate estimation and loss discrimination tech-
niques. In this paper, we provide an in-depth comparison
on the performance of VTP, TFRC Wireless, and MUL-
TFRC in various wireless scenarios. The results show that
VTP and TFRC Wireless both perform well and deliver
similar performance, with VTP exhibiting greater efficiency
and smoothness in presence of heavy errors. On the other
hand, VTP and TFRC Wireless both significantly outper-
form MULTFRC, which experiences large rate fluctuation
due to the frequent changes in the number of simultaneous
connections.

The rest of the paper is organized as follows. Section 2
provides a brief review of the related work. Section 3 reca-
pitulates the three protocols that we compare: VTP, TFRC

1The rate equation in TFRC is based on the behavior of TCP Reno.
In this paper we use “TCP” and “TCP Reno” interchangeably unless ex-
plained otherwise.



Wireless and MULTFRC. Section 4 studies and compares
the performance of these protocols via Ns-2 simulations.
Finally Section 5 concludes the paper.

2 Related Work

Maintaining a smooth, efficient and TCP-friendly send-
ing rate is important for rate control mechanisms in real-
time streaming. Bansal et al. have proposed a class of
binomial algorithms in [1] to provide TCP-friendly con-
gestion/rate control. Two particular algorithms, IIAD and
SQRT, are shown to be well-suited to streaming applica-
tions. However, binomial algorithms share with TCP the
same inefficiency problem in presence of random loss and
are not directly applicable to wireless networks.

TCP Friendly Rate Control [4] is another end-to-end
mechanism aiming to achieve the equivalent long-term
throughput of TCP with less short-term fluctuation. It mea-
sures the packet loss rate and Round-Trip Time (RTT) of a
connection, then computes the appropriate sending rate us-
ing the equation:
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where T , s, R, p and tRTO are the upper bound of the send-
ing rate, packet size, RTT, loss rate and Retransmit Time
Out value (RTO), respectively. TFRC also suffers from ran-
dom loss and achieves very low throughput in error-prone
wireless networks.

There also exist solutions that require assistance from
lower layers. E.g., Explicit Congestion Notification (ECN)
[8] is a general method where congested gateways stamp
packets with a designated bit in the packet header. ECN
gives end hosts the capability of distinguishing between ran-
dom and congestion loss. ECN requires assistance from in-
termediate gateways; the cost of implementation has been a
major deployment limitation.

Rate Control Scheme (RCS), proposed in [12], also re-
quires modifications at gateways. RCS uses low-priority
dummy packets to probe the available bandwidth on the
path. It is able to estimate an admissible rate and deal with
errors efficiently. However, all intermediate gateways must
implement a multiple-priority mechanism with a low prior-
ity level for dummy packets. This feature is currently not
available on the Internet.

3 VTP, TFRC Wireless and MULTFRC

3.1 VTP

The Video Transport Protocol (VTP) [13] is an experi-
mental protocol with a new end-to-end rate control mecha-

nism designed specifically for real-time streaming in wire-
less networks. It relies on two important techniques, namely
the Achieved Rate (AR) estimation and Loss Discrimina-
tion Algorithm (LDA). AR is the rate that the sender has
successfully pushed through the bottleneck. It is the rate
that the receiver measures, plus the fraction corresponding
to packet loss at the exit of the bottleneck due to errors. For
the LDA, we use an end-to-end scheme called Spike that
monitors the RTT and switches between a congestion and
an error state. Please refer to [13] for more information.

VTP rate control is based on the analysis of TCP instan-
taneous sending rate. Similar to TCP, VTP linearly probes
the available bandwidth until congestion is detected. VTP
does not perform multiplicative decrease, instead it reduces
the sending rate to AR. Figure 1 illustrates the rate control
mechanism of VTP. VTP avoids the drastic rate reductions
for better smoothness, at the same time mimicking the TCP
behavior and maintaining the same average rate. In contrast
to the highly fluctuating TCP rate, VTP reduces its rate by
a lesser amount but keeps this reduced rate for longer.

sending rate

time

RTTmin

rate reduction

TCP

VTP
A1

A2
C+1/RTT

Figure 1. Comparison of the instantaneous
sending rate between TCP and VTP.

Reflected in Figure 1, the two shaded areas A1 and A2
must be equal. When VTP has given up the same amount
of data transmission as TCP would in the same situation,
it enters congestion avoidance. VTP defines an “equivalent
window”, ewnd, as the number of packets transmitted by
the sender during one RTT. Ewnd increases at the pace of
1 packet/RTT and is used to compute the sending rate.

3.2 TFRC Wireless

Cen et al. have also added an end-to-end LDA to TFRC
to improve its efficiency in presence of wireless errors [2].
The original purpose of [2] was to compare and evaluate
different LDAs in various wireless topologies, using TFRC
as a test protocol. TFRC Wireless then became a valid pro-
tocol of its own.



The operation of TFRC Wireless is straightforward. In
the original TFRC Equation (1), p includes both conges-
tion and random loss as TFRC does not distinguish be-
tween them. Lack of loss discrimination makes the per-
formance of TFRC drop sharply when random loss is fre-
quent. Equipped with the LDA, TFRC Wireless recognizes
a congestion-induced loss and, in such case, operates ex-
actly the same way as the original TFRC mechanism. If the
loss is induced by random errors, it is discounted in the cal-
culation of p. Thus wireless loss, when properly detected,
has no impact on the TFRC Wireless rate control.

3.3 MULTFRC

Chen et al. have proposed in [3] to create multiple simul-
taneous TFRC connections on the same path when a single
connection cannot fully utilize the bandwidth. This exten-
sion, called MULTFRC, is strictly end-to-end and requires
no modifications to the Internet infrastructure. On the other
hand, MULTFRC requires more resource to manage multi-
ple connections. The sender must also split the data across
multiple connections and the receiver must then reassemble
the data chunks. This adds overhead to the scheme.

Similar to many other schemes, MULTFRC monitors the
RTT to decide whether to change the number of TFRC con-
nections. If the current RTT is relatively large, the bot-
tleneck link is already well-utilized, thus the number of
connections must decrease to avoid congestion. Otherwise
the bottleneck is under-utilized; the number of connections
should increase to improve bandwidth utilization.

4 Performance Comparison

In this section, we compare VTP, TFRC Wireless and
MULTFRC2 via Ns-2 simulations and evaluate their proper-
ties of efficiency, fairness and friendliness, in both error-free
and error-prone scenarios. We also investigate the impact of
queue buffer size on the performance of these protocols.

4.1 Simulation Setup

The topology in Figure 2, representing a mixed wired-
cum-wireless scenario, is used for simulations in this sec-
tion. The Internet segment is abstracted as a set of error-free
links. The wireless segment, e.g. a WLAN, is abstracted as
a shared error-prone link and also the bottleneck in the sys-
tem. Note that for simplicity we do not simulate PHY and
MAC overhead of the wireless segment and assume a full
11 Mbps capacity. The bottleneck queue is drop-tail with a
buffer size of 99 packets, equal to the pipe size.

2TFRC Wireless is implemented in Ns-2.1b8a, VTP and MULTFRC
Ns-2 are implemented in Ns-2.26. All are obtained from original authors,
respectively.

The foreground traffic is directed from the Internet
servers (left) to the wireless clients (right). To better study
the behavior of target protocols, no cross traffic is included
in the simulations, though we will briefly discuss this issue
at the end of the paper.

100Mbps
35msec

100Mbps
35msec

11Mbps
1msec

...

...

100Mbps
35msec

Figure 2. Simulation setup.

4.2 Efficiency against Errors

First we perform solo tests to assess the efficiency of
these protocols against random errors. In each run, a sin-
gle connection of VTP, TFRC Wireless or MULTFRC is set
up from a server to a client. Different error rates are tested
at the wireless link. The original TFRC is also included in
the tests as a reference.

Figure 3 compares the sending rates of the four protocols
with packet error rates of 0%, 1% and 5%, respectively. In
the 0% error case, VTP and TFRC Wireless are efficient
and smooth; their behavior is difficult to distinguish from
the original TFRC. MULTFRC, on the other hand, has a
much more fluctuating rate. We will explain this shortly.

As the error rate increases to 1% and 5%, VTP and
TFRC Wireless are still capable of keeping the band-
width utilization high, though the startup delays are slightly
longer. This is largely due to the fact that the LDA needs
more training. MULTFRC works comparably under the 1%
error case; under 5% errors its sending rate increases to the
available bandwidth very slowly, with more fluctuation as
well. All three protocols, however, demonstrate better effi-
ciency than the original TFRC. This is not a surprise since
all of them are equipped with tools to handle wireless loss.

To better understand the behavior of MULTFRC, we
plot the number of simultaneous TFRC connections in one
MULTFRC “super-connection”. Intuitively, the higher the
error rate the more TFRC connections MULTFRC should
create. This is confirmed in Figure 4.

Figure 4 also answers a couple of questions. First, in the
0% error case, the number of TFRC connections changes
back and forth frequently between 1 and 2. Since creating
or destroying a TFRC connection immediately increases or
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Figure 3. Rate comparison of VTP, TFRC Wire-
less and MULTFRC under different error rates.
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Figure 4. Number of TFRC connections in
MULTFRC under different error rates.

decreases the overall instantaneous rate, the overall MUL-
TFRC rate fluctuates accordingly. Secondly, in the 5% error
case, the number of TFRC connections continues to grow
during the 150 seconds of simulation time as shown. This
is because the high error rate forces the throughput of each
TFRC connection to be very low, so a large number of con-
nections are needed for MULTFRC to utilize the bandwidth
efficiently. However, the IIAD algorithm in MULTFRC
prevents abrupt increase in the number of connections. In
other words, MULTFRC needs a long time to converge to

the steady state. This explains why the rate of MULTFRC
keeps increasing during the simulation. We have observed
that the number of connections in MULTFRC does even-
tually converge when the simulation time is longer, but the
slow convergence speed is undesirable for many streaming
applications of short to medium durations.

4.3 Intra-protocol Fairness

We then compare the fairness property of VTP, TFRC
Wireless and MULTFRC. By fairness we refer to the rela-
tion between connections of the same protocol. We run two
VTP, TFRC Wireless or MULTFRC connections simulta-
neously in this set of simulations. The wireless link (open
medium) is shared by the connections.

In [13] we have shown that VTP maintains good fairness
between flows when the error rate is 0%, 1% or 5%. There-
fore we are more focused on TFRC Wireless and MUL-
TFRC in this section and compare the results to VTP. We
first look at the case with 0% errors. In this case, the LDA
in TFRC Wireless is accurate [2]; TFRC Wireless behaves
virtually the same as the original TFRC and should main-
tain the same fairness property. Our simulation confirms
this as shown in Figure 5. MULTFRC, on the other hand,
still exhibits more fluctuation. Again this is due to the fre-
quent changes in the number of simultaneous TFRC con-
nections. Throughput of one MULTFRC connection may
be temporarily much higher than the other.

We skip the 1% error case for conciseness and move to
the more informative 5% error case as shown in Figure 6.
TFRC Wireless is still able to maintain the fairness, but its
efficiency drops. Compared to the results in [13], this indi-
cates that although VTP and TFRC Wireless both keep good
fairness, VTP achieves better efficiency when the error rate
is high. MULTFRC again needs to create a large number of
connections before high utilization is achieved; the “ramp
up” speed is much slower.

4.4 Inter-protocol Opportunistic Friendliness to
TCP

Now we evaluate the opportunistic friendliness of VTP,
TFRC Wireless and MULTFRC to legacy TCP. Simply
speaking, a new protocol NP is opportunistically friendly
to TCP if TCP connections obtain no less throughput when
coexisting with NP, compared to the throughput that they
would achieve if all connections were TCP.

In each of the simulation runs, two connections are set
up: one is VTP, TFRC Wireless or MULTFRC; the other is
TCP. We also run two TCP connections as this is required
to evaluate opportunistic friendliness. For conciseness, we
summarize the results of the 0% and 1% error cases before
moving to the more interesting 5% error case. With 0%
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Figure 5. Fairness between two TFRC Wire-
less or MULTFRC connections, 0% errors.
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Figure 6. Fairness between two TFRC Wire-
less or MULTFRC connections, 5% errors.

errors, all streaming protocols approximately equally share
the bandwidth with the TCP connection, although MUL-
TFRC exhibits more fluctuation as before. With 1% errors,
since TCP efficiency drops, three streaming protocols are
able to utilize the residual bandwidth, a reflection of the op-
portunistic friendliness.

We present the 5% error case in Figure 7. TCP is ex-
tremely inefficient under such a condition, so the stream-
ing protocol should take over the bandwidth. Both VTP
and TFRC Wireless perform well in this case. VTP demon-
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Figure 7. Opportunistic friendliness, 5% er-
rors: VTP/TCP (top), TFRC Wireless/TCP
(middle), MULTFRC/TCP (bottom).

strates a bit more high-frequency fluctuation, while TFRC
Wireless has a larger variation in the rate. MULTFRC is
unable to utilize the bandwidth quickly since it has to wait
until a large number of TFRC connections are created.

4.5 Impact of Buffer Size

So far, all simulations assume the queue buffer size is
equal to the pipe size. This does not always hold in a real
network, though. To assess the performance of VTP, TFRC
Wireless and MULTFRC with various buffer sizes, we re-
peat the simulations on opportunistic friendliness but leave
the buffer size as a variable.

We test three different buffer sizes, i.e., 1/3, 1x and 3x
of the pipe size, representing the small, medium and large
buffer cases, respectively. In our simulations, we have
found that the stability and performance of MULTFRC are
very sensitive to the buffer size. Its parameters in the Ns-2
implementation are fine-turned; changing the buffer size re-
quires to empirically find another set of appropriate values.
Thus we postpone showing the results on MULTFRC until
a more stable version is available.



1/3 pipe size pipe size 3x pipe size

VTP 6.20 5.84 4.81
TCP 3.85 4.51 4.84

TFRC WRLS 4.74 5.40 3.96
TCP 5.30 5.10 6.20

Table 1. Impact of buffer size, with 0% errors.
Numbers (except ratios) are average rates in
Mbps.

Table 1 shows the average sending rates of VTP/TCP
or TFRC Wireless/TCP when no errors are present. VTP
tends to be more aggressive than TCP when the buffer size
is small; as the buffer grows, aggressiveness of VTP dimin-
ishes. This agrees with our previous study that small buffer
favors AR-based schemes while large buffer favors TCP [5].

We have also performed simulations with varied buffer
sizes where errors are imposed at the wireless link. In this
case, the buffer size has marginal impact on the perfor-
mance, since TCP loses efficiency by itself. Both protocols
maintain opportunistic friendliness to legacy TCP by pick-
ing up the bandwidth that would be left unused.

5 Discussion and Conclusion

In this paper we have compared the performance of
three streaming protocols, namely VTP, TFRC Wireless and
MULTFRC. These protocols are designed to provide ef-
ficient and smooth rate control for real-time streaming in
wireless networks. VTP, an experimental protocol equipped
with a new end-to-end rate control mechanism, excels in all
tested error-free and error-prone scenarios. TFRC Wireless,
a TFRC extension with the capability of distinguishing be-
tween congestion and wireless loss, achieves performance
comparable to VTP except in a few cases where it is a bit
less efficient. MULTFRC extends the original TFRC by
creating multiple TFRC connections to achieve better effi-
ciency. However, frequent increases/decreases in the num-
ber of simultaneous connections trigger a fluctuating behav-
ior, and its convergence speed to the “fair share” is slow.
Moreover, the Ns-2 implementation of MULTFRC is too
sensitive to the network parameters and exhibits instability
in certain parameter ranges.

To summarize, VTP and TFRC Wireless are two promis-
ing schemes for real-time wireless streaming. Similarities
in the performance of these protocols should be no surprise,
since both VTP and TFRC Wireless try to mimic the TCP
behavior in zero random loss conditions. Moreover, VTP
and TFRC Wireless are equipped with similar LDAs which
make them equally insensitive to random loss. Therefore,

although VTP and TFRC Wireless started from different as-
pects, they share the same idea of mimicking TCP while
ignoring wireless loss, which leads to close performance.

In the future, we plan to compare the two winning pro-
tocols in more detail, especially with respect to implemen-
tation complexity and robustness to different traffic patterns
and mixes.
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