
Dynamic Media Streaming with Predictable
Reliability and Opportunistic TCP-Friendliness

Manuel Gorius, Yongtao Shuai and Thorsten Herfet, Senior Member, IEEE
Telecommunications Lab, Saarland University

Email: {gorius, shuai, herfet}@cs.uni-saarland.de

Abstract—Due to the increasing number of portable and mobile
consumer electronics devices, today’s Internet paths include gen-
erally at least one wireless segment. Predominant architectures are
IEEE 802.11 wireless as well as 3G/4G mobile networks. Dynamic
stream switching schemes such as DASH (Dynamic Adaptive
Streaming over HTTP) have been developed in order to adapt
the rigid bandwidth requirement of real-time video services to
the dynamic capacity of such Internet channels. Meanwhile, the
actual bandwidth provisioning on wireless and mobile networks is
no longer the limiting factor for high definition media streaming.
However, the quality of such HTTP/TCP-based stream switching
services is severely affected by the inefficiency of TCP’s loss-
based congestion control, the ACK-clocked window control as
well as the ARQ-only error control in presence of physical packet
loss and large propagation delay. In this paper we address this
quality bottleneck on wireless and mobile networks via a novel
dynamic streaming architecture that proactively transmits pack-
etized multimedia services under delay-based congestion control.
The presented scheme builds upon the Predictably Reliable Real-
time Transport protocol (PRRT) that efficiently provides the
reliability required by multimedia services under their specific
delay constraint. Under the delay-based congestion control the
transport protocol implements opportunistic TCP-friendliness,
which allows media streams to acquire additional bandwidth that
remains unutilized by inefficient TCP sessions. We evaluate the
bandwidth allocation of our dynamic streaming approach and
demonstrate a significant increase of the video bit rate compared
to HTTP-DASH on mobile broadband and wireless home network
infrastructures as well as an emulated broadband access network
path.

Index Terms—Dynamic Streaming, Predictable Reliability, Op-
portunistic TCP-friendliness, Internet TV

I. INTRODUCTION

Wireless and mobile networking infrastructures enable a
ubiquitous Internet experience on portable and handheld de-
vices. Meanwhile, mobile broadband standards – such as High-
Speed Downlink Packet Access (HSDPA) and Long Term
Evolution (LTE) – provide an access bandwidth in the order
of wired broadband Internet, which makes them eligible as a
replacement for wired connectivity in rural areas. In addition,
the broadband network is commonly terminated by a wireless
IEEE 802.11 access point in the home network. Obviously,
Internet paths are becoming increasingly heterogeneous and
include in general at least one wireless segment.

A. Problem Statement

The Internet Protocol (IP) hides the network path’s hetero-
geneity from the upper layers such that the transport protocol
is subject to highly variable network conditions. Reliable trans-
port protocols suffer from significant throughput variations on
wireless networks as they introduce physical packet corruption
in addition to packet loss caused by queue overflow [2].
As a result, the physically available bandwidth is severely
underutilized by the transport protocol, which is becoming the
performance bottleneck on wireless network paths. This ineffi-
ciency is clearly the limiting factor for the deployment of high
definition media streaming. As such services increase rapidly
in popularity and quality, they will represent the majority of
the Internet traffic in the near future1.

In order to mitigate the effects of physical packet losses,
link-layer error correction has been introduced into wireless
and mobile network standards. However, since these schemes
mostly rely on (Hybrid-)ARQ (Automatic Repeat reQuest)
with a limited number of transmission retries, the transport
protocol is still exposed to small percentages of residual packet
loss2, while the reactive, ARQ-based error control introduces
perceivable variations into the transport layer RTT.

HTTP/TCP (Hypertext Transfer Protocol, Transmission Con-
trol Protocol) is today’s de facto standard for Internet media
streaming. However, Internet TV solutions based on HTTP are
limited in their quality due to numerous drawbacks of the trans-
port protocol on wireless networks [11]. In particular, TCP’s
inefficiency on wireless or heterogeneous networks results from
the fact that its performance depends on strong assumptions
about the observed network state. The path is considered
lossless except of rare congestion losses and the round trip
time (RTT) is assumed constant, such that both a packet loss
or an increased RTT can be taken as a congestion signal. TCP’s
loss-based Additive Increase Multiplicative Decrease (AIMD)
congestion control significantly reduces the throughput upon
experiencing a small percentage of physical packet loss. The
protocol experiences spurious timeouts on wireless and mobile
networks as a result of the highly variable RTT. Moreover,

1Cisco VNI forecast: http://bit.ly/bwGY7L
2http://www.epitiro.com/assets/files/LTE%20Real%20World%20
Performance%20Report-Finland.pdf
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TCP’s ACK-clocked window progression conflicts with the
continuous rate requirement of multimedia streaming services.
All these effects result in reasonable throughput variations
such that smooth media rendering requires several seconds of
buffering at the receiver and over-provisioning of the available
bandwidth by up to 100% of the media source rate [17].

B. Related Work
Related work in the area of streaming media delivery ad-

dresses mainly the following issues: Inelastic media streams
introduce congestion if not being under proper scheduling and
rate control. On the other hand, they are subject to congestion
losses introduced by the widely TCP-based background traf-
fic. On wireless networks, physical interference and protocol
collisions lead to additional packet erasures. Related work in
this field commonly builds upon dynamic streaming, packet
scheduling and source rate adjustment of media streams as well
as partial reliability, loss tolerance and loss differentiation on
transport layer.

Recent developments in dynamic HTTP streaming try to
address the issues of media streaming under congestion control
by offering the video stream in multiple resolutions at the server
[8]. This technique has gained much interest in commercial
video streaming solutions such as Apple HTTP Live Stream-
ing3, Microsoft Smooth Streaming4 and Adobe HTTP Dynamic
Streaming5 [1]. In every adaptation cycle the version is chosen
that fits the current congestion window. As a part of the 3GPP6

project, Dynamic Adaptive Streaming over HTTP (DASH) [14]
is in its standardization process. The specification incorporates
standardized protocols and file formats such as HTTP and the
Extensible Markup Language (XML). Extensive modeling and
evaluation of suchlike schemes has, however, unveiled that
they achieve roughly half bandwidth utilization under buffering
of several seconds [1], [17]. This performance bottleneck is
widely a result of the underlying transport via TCP [4], which
introduces severe packet jitter and unstable throughput due to
the loss- and window-based AIMD congestion control.

A stream switching scheme similar to DASH has been
developed by De Cicco et al. [4]. The authors monitor the
sending buffer at the streaming server and formulate the
selection of the quality level as a control law of the buffer
level. Congestion-distortion optimized scheduling [13] gives
priority to key frames of video streams and optimizes the
sending schedule of predicted frames in order to avoid queues
building up at a network bottleneck. In case of congestion,
predicted frames might be dropped as they have minor impact
on the picture quality. Combined control of source and channel
coding has been proposed in the Multimedia Streaming TCP-
Friendly Protocol (MSTFP) [20]. The scheme allocates network

3http://tools.ietf.org/html/draft-pantos-http-live-streaming-08
4http://www.iis.net/download/smoothstreaming
5http://www.adobe.com/products/hds-dynamic-streaming.html
6http://www.3gpp.org/

bandwidth proactively with a network-adaptive rate control
scheme using equation-based congestion control. Source and
channel coding are instantly optimized under the observed
network state.

On transport layer the proposed solutions concentrate on
extensions to TCP’s error and congestion control in order to
increase TCP’s throughput under high loss rates by adding
loss tolerance (LT-TCP [15]) or loss differentiation (TCP-
Westwood+ [10], [3]). TCP-Westwood+ is available in the
Linux kernel. During our experiments we experienced simi-
lar performance for TCP-Westwood+ and TCP-Cubic. TCP’s
abrupt window reduction has been identified to negatively
interfere with continuous streaming services. Therefore, the
Video Transport Protocol (VTP) [16] has been designed so as
to reduce the sending rate in response to a congestion signal
only to the incoming data rate measured at the receiver instead
of halving the congestion window. Besides loss differentiation,
VTP implements opportunistic TCP-friendliness, which allows
the protocol to acquire unutilized bandwidth as long as the
throughput of parallel TCP sessions is not affected. For rate-
controlled media streaming without reliability the Datagram
Congestion Control Protocol (DCCP) has been proposed based
on TCP-friendly Rate Control (TFRC) [19]. A Partial reliability
extension (DCCP-PR [9]) has been specified for this protocol
by allowing for a limited number of packet repetitions. Since
all of the above transport protocols implement window-based,
TCP-like congestion control, they considerably reduce the
throughput in presence of large delay variations and physical
packet loss in the delivery network.

C. Contribution
In this paper we resolve the quality bottleneck for Internet

video streaming by addressing the shortcomings of HTTP/TCP-
based transport. We present a dynamic streaming architecture
applying a novel transport protocol – Predictably Reliable
Real-time Transport (PRRT) – that is particularly designed for
high-rate and low-latency media services over lossy network
infrastructures [7]. The overall design is based on predictable
reliability, which assumes that these services prefer timeliness
over reliability in that they can tolerate a small, predictable
amount of residual errors. Therefore, we optimize the trans-
port protocol’s error control adaptively in order to follow the
network path’s dynamic channel capacity.

The dynamic streaming architecture incorporates rate-based
congestion control. In contrast to window-based congestion
control, it sends the datagrams of a continuous media stream
proactively according to the rate estimate of a congestion
control equation. Therefore, the sending rate of the delay-
sensitive media packets is no longer dependent on the fre-
quency of incoming acknowledgments [5]. In order to obtain
an accurate estimate of the available bandwidth, we combine
the protocol with a delay-based control equation. In particular,
the delay-based congestion signal is insensitive to packet loss
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such that the protocol maintains a stable throughput even
on wireless network infrastructures with physical packet loss.
As the control equation continuously evaluates the network’s
queueing delay, it detects an underutilization of the available
bandwidth such that it increases its rate allocation beyond
a TCP-friendly amount in case TCP is unable to obtain an
efficient share. This behavior has been defined as opportunistic
TCP-friendliness [16].

II. DYNAMIC MEDIA STREAMING ARCHITECTURE

We present a self-managing dynamic streaming architecture
based on three essential components. A predictably reliable
transport protocol that considers the QoS requirements of real-
time media streaming applications with high source data rate
on unmanaged Internet paths via efficient, delay-constrained
error control. Delay-based congestion control returns a stable
and continuous estimate of the available bandwidth. Proactive
packet scheduling under the bandwidth estimate renders the
sending rate independent from a continuous strobe of receiver
acknowledgments and ensures opportunistic TCP-friendliness.
The overall architecture is presented in Figure 1.

A. Predictably Reliable Transport

Real-time media streaming from a sender application to
a remote receiver formulates a specific delay constraint in
order to limit the buffer space at the receiver and to preserve
interactivity. We addressed this requirement in PRRT, a novel
protocol layer for real-time media transport [7]. PRRT specifies
a delivery time budget for each packet as the delay between
entering the protocol stack at the sender and becoming available
to the receiver application. The transport protocol must finalize
the error control operations for each single packet within this
time budget. If this is not possible, the application experiences
residual packet loss.

The delay-constrained error control is based on a packet-
level, adaptive Hybrid Error Coding (HEC) method that
achieves capacity-approaching error control on bidirectional
packet-erasure channels. With this method, traditional FEC and
ARQ error control are jointly applied. The scheme can be
understood as a variant of Type-II Hybrid-ARQ coding [12],
which has been found to be optimal in case the capacity of a
packet erasure channel is unknown or dynamic.

PRRT’s transport paradigm is predictable reliability. The
protocol includes a stochastic performance model (Figure 1)
that allows for instant optimization of the protocol configu-
ration under consideration of the protocol’s periodic network
state feedback. Specifically, this optimization process adjusts
the error control so as to fulfill the application’s reliabil-
ity requirement under the given delay constraint with high
probability. Besides adapting the protocol configuration, the
performance model calculates the maximum goodput under
the bandwidth estimate obtained from the congestion control

equation at the receiver. The goodput calculation considers the
protocol overhead in terms of packet headers and repair packets
for the error control.

B. Delay-based Congestion Control

Delay-based congestion control has specifically been pro-
posed for network paths with large bandwidth-delay prod-
uct, where the packet frequency is particularly high. Since
high-quality multimedia applications offer a continuously high
packet rate to the network, this condition is fulfilled. Under
the large packet frequency the delay-based control equation
obtains RTT samples in a sufficiently high density such that
it can perform extensive low pass filtering in order to obtain
a smooth estimate of the network path’s queueing delay. We
implement a delay-based congestion control equation derived
from the Fast TCP approach [18] at the receiver.

The delay-based control equation introduces several advan-
tages for high-rate wireless media transmission:

Smooth rate control: Delay-based congestion control deter-
mines the level of network saturation continuously from the
ratio between the current RTT (avgRTT ) and the minimum
RTT (baseRTT ). This allows the equation to find an explicit
equilibrium of the queue saturation in the network, which
avoids congestion losses and results in significantly smoother
rate control compared to AIMD congestion control.

Loss differentiation: Loss-based congestion control is prone
to physical packet losses that are prevalent in wireless networks.
It erroneously interprets them as congestion events. As a
result, most TCP flavors significantly underutilize the available
network bandwidth in presence of physical packet corruption.

Explicit bandwidth estimation: The maximum protocol good-
put under the current network conditions is calculated as
an explicit result of the control equation and the protocol
performance model.

In order to obtain smooth and tunable congestion control, we
modify the delay-based control equation from Fast TCP [18],
as follows:

R (i) = (1− γ) ·R (i− 1)

+ γ ·
�
(1− β) · baseRTT

avgRTT
·R (i− 1) + α · β

�

where α > 0 and β, γ ∈ (0, 1). R (i) and R (i− 1)
are the most recent and the previous estimate of the avail-
able bandwidth, respectively. baseRTT is the minimum RTT
observed so far and avgRTT is the current average RTT
after Exponentially Weighted Moving Average (EWMA). The
control equation itself performs EWMA with parameter γ over
the current and the previous rate estimate. α reflects the number
of packets buffered in the network, which should not exceed
the network’s queue size. Both parameters originate from the
Fast TCP equation. β provides control over the protocol’s
aggressiveness in the bandwidth acquisition as a larger value for
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Figure 1. Dynamic streaming architecture including proactive packet scheduling and delay-based congestion control based on the PRRT protocol.

β attenuates the congestion signal [6]. During the experiments
presented in this paper we set α = 180 and β = 0.1.

C. Proactive Packet Scheduling

Window-based congestion control is considered to be self-
clocking due to the positive acknowledgment of each success-
fully delivered packet. In such a scheme the acknowledgments
are serving as a clock for the window update and the injection
of new segments into the network. Since the sending of packets
depends on the window progression, packets experience severe
delay jitter, which is infeasible for multimedia flows with rigid
bandwidth requirements.

In our dynamic streaming approach the sender runs a packet
scheduler that feeds source video packets at a rate of less
or equal to the received goodput estimate into the network.
Under selection of the suitable quality level of the dynamic
video source this ensures continuous real-time transmission
of the video stream. The bandwidth estimate is obtained at
the receiver based on the network path’s current RTT as
observed by the transport protocol. Periodic feedback updates
the bandwidth estimate at the sender. The sender determines the
share of bandwidth that is required for the error control and
obtains the resulting goodput via the protocol’s performance
model.

III. EXPERIMENTAL RESULTS

The following experiments pronounce the increase in video
quality obtained under the presented dynamic media stream-
ing architecture, in particular, in presence of physical packet
corruption. First, we evaluate the stand-alone performance of
the scheme on a mobile broadband network as well as a wired
broadband connection terminated by a wireless home network.

Afterwards, we demonstrate the opportunistic TCP-friendliness
of our approach under competition with TCP background
traffic at a network bottleneck and point out its response to
network congestion. All results are compared with a reference
implementation of 3GPP-DASH based on TCP-Cubic7.

For the dynamic stream switching, a video file is available
in three adaptation sets with a chunk size of 2 seconds at the
streaming server. The first adaptation set includes bit rates of
0.8Mbps, 1.5Mbps and 2.5Mbps, the second set consists
of 2Mbps, 3Mbps, 4Mbps, 5Mbps and 6Mbps. The third
adaptation set encodes a high definition video in bit rates from
4Mbps to 12Mbps in steps of 1Mbps.

A. Mobile Broadband Network
In a first experiment, we evaluate the resulting video bit

rate while sending a video file via DASH based on TCP and
alternatively via the proposed dynamic streaming architecture.
The experiment is carried out on a mobile HSDPA network
with a physical layer bandwidth of 7.2Mbps. The mobile client
observes a baseRTT of 95ms to the streaming server.

We repeatedly observe that the RTT of the mobile network
underlies large variations ranging from the baseRTT to values
of up to 1000ms, while packet loss on transport layer oc-
curs rarely according to our measurements. Apparently, TCP
suffers from the large and variable RTT in that it significantly
underutilizes the available bandwidth (Figure 2, top). The video
rendering stalls frequently if the second adaptation set (2Mbps
to 6Mbps) is chosen since the TCP goodput is not continuously
sufficient for the lowest quality level of 2Mbps. Therefore,
the TCP experiment is performed with the first adaptation set
(0.8Mbps to 2.5Mbps).

7The default TCP flavor in current Linux and Android systems [11].
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Figure 2. Throughput and quality level of dynamic video streaming via HTTP
on TCP Cubic (top) and proactive transport via the proposed architecture (bot-
tom). Underlying network infrastructure is HSDPA with 7.2Mbps downlink.

As PRRT constantly achieves more throughput on the mobile
network, the second adaptation set (2Mbps to 6Mbps) is
applied. Under the proposed dynamic streaming architecture
the protocol nearly continuously transmits a video bit rate of
5Mbps, which is the second best quality level of the second
adaptation set (Figure 2, bottom). The extensive low pass
filtering of the delay-based congestion control scheme leads to a
slower convergence of the bandwidth estimate at the beginning
of the streaming session. However, within less than 50 s this
turns into a highly stable throughput during the remaining
session. Table I demonstrates the gain of throughput under the
presented architecture compared to DASH via the data volume
transmitted over the whole session. The presented architecture
increases throughput and quality level by more than 100% on
the mobile network.

B. Wireless Home Network
In the second experiment we evaluate the presented dynamic

streaming architecture over a wired broadband connection with
a wireless home network segment. The wireless receiver is
positioned in a distance of 7m to the Access Point (AP) with
two walls on the direct signal path. The wired broadband access
is emulated via a Dummynet bridge8 that implements drop-tail
queueing and introduces a baseRTT of 50ms between the
streaming server and the AP. Similarly to the mobile network,
the AP of the wireless local network additionally introduces

8http://info.iet.unipi.it/~luigi/dummynet/
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Figure 3. Throughput and quality level of dynamic video streaming via
HTTP on TCP Cubic (top) and proactive transport via the proposed architecture
(bottom). Underlying network infrastructure is an IEEE 802.11n wireless LAN.

extensive queueing delays that are caused by the Dynamic
Frequency Selection (DFS) scheme defined within the wireless
standard. This scheme requires the channel to be scanned
periodically for radar sequences and interfering signals, which
leads to packets being queued up at the AP because the tuner
is unavailable during these checks.

Due to the shorter RTT compared to the mobile network,
TCP generally achieves a higher throughput on the wireless
local network such that the second adaptation set (2Mbps
to 6Mbps) can be applied. TCP Cubic’s aggressive window
control leads the DASH implementation to switch the video
bit rate abruptly in steps of up to two quality levels (Figure 3,
top).

PRRT mostly achieves a sufficient throughput to transmit
the video stream at the highest bit rate of 6Mbps (Figure
3, center). Therefore, we perform an additional experiment
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Table I
THROUGHPUT GAIN OF THE PROPOSED ARCHITECTURE COMPARED TO

DASH/TCP CUBIC.

3G DASH Proposed Architecture
Adaptation Set 1 2
Mbytes sent 90.33 184.46

Throughput Gain – 104.22%

WLAN DASH Proposed Architecture
Adaptation Set 2 2 3
Mbytes sent 162.43 215.55 326.95

Throughput Gain – 32.71% 101.29%

with our architecture and evaluate its throughput under the
third adaptation set (4Mbps to 12Mbps). The transmission
at the higher media source rate unveils that the streaming
session is subject to variable available bandwidth since the
AP adaptively chooses different physical layer transmission
modes in order to compensate for the weak wireless signal
(Figure 3, bottom). The presented architecture adapts quickly
by decreasing throughput and quality level of the dynamic
video upon a reduction of the available bandwidth. As soon
as the network switches into a higher transmission mode, the
available bandwidth is smoothly re-acquired by the streaming
session. According to Table I the throughput is increased by
more than 30% while sending the second adaptation set and
by roughly 100% under the third adaptation set.

C. Opportunistic TCP-friendliness

We evaluate the opportunistic TCP-friendliness under the
proposed delay-based congestion control on a physical net-
work infrastructure with an emulated bottleneck bandwidth
of 32Mbps and an RTT of 50ms, which is in the order of
a typical VDSL (Very High Speed Digital Subscriber Line)
broadband connection. The bottleneck and the delay are emu-
lated via a Dummynet bridge with a queue size of 200KB. We
measure the opportunistic bandwidth allocation of the PRRT
protocol under the delay-based congestion control in presence
of different packet loss rates. The experiment evaluated in
Figure 4 runs without physical packet loss during the first 120 s.
Afterwards, an emulated packet loss rate is applied via the
Netem emulator9. The emulated packet loss is increased every
60 s to the following rates: 0.1%, 0.5% and 1%. Both PRRT
and TCP-Cubic obtain network bandwidth greedily in this
experiment, i. e. their throughput is not limited by a maximum
video source rate. The TCP session is established via Iperf10.

As evident from Figure 4, the network bottleneck remains
saturated as long as the network path experiences exclusively
queueing losses induced by TCP’s loss-based congestion con-
trol. Both protocol sessions obtain a fair share of the available
bandwidth. Already under a small additional packet loss rate of

9http://www.linuxfoundation.org/collaborate/workgroups/networking/netem
10http://iperf.sourceforge.net/
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Figure 4. PRRT’s opportunistic TCP-friendliness under delay-based con-
gestion control. Emulated packet loss rate, bottleneck bandwidth 32Mbps,
RTT = 50ms.

0.1% the TCP throughput reduces to roughly 25% of the fair
bandwidth share. Due to the delay-based congestion control,
PRRT’s throughput is not affected by the packet loss. Moreover,
the control equation immediately detects the underutilization of
the bandwidth and carefully increases the throughput. Under a
physical packet loss rate of 1% the delay-based congestion
control leads to more than 8 times the throughput of TCP-
Cubic without negatively affecting the TCP session since the
network is not saturated.

D. Response to Congestion

The following experiments are carried out under actual video
transport while comparing the throughput of the presented
dynamic streaming approach with the DASH reference imple-
mentation based on TCP-Cubic. During the experiments we
gradually increase the number of competing TCP sessions at
the network bottleneck in order to demonstrate the response
of the respective scheme to an increasing network saturation.
The experiments are based on the previous setup (Section III.C)
including the Dummynet bridge with a bottleneck bandwidth of
32Mbps and an RTT of 50ms between the streaming server
and the receiver as well as an emulated packet loss rate of
0.1% via the Netem emulator. The background TCP sessions
are generated via Iperf. During the first 60 s a single Iperf
session is active. Afterwards the dynamic video stream enters
the network. Further TCP sessions are initiated in intervals
of 60 s. After 360 s all background traffic is switched off in
order to evaluate the re-acquisition of free bandwidth by the
dynamic video stream. We repeat the experiment for DASH
and the presented streaming architecture while the dynamic
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Figure 5. Throughput of the DASH reference implementation (top) and the
proposed streaming architecture (bottom) at a 32Mbps network bottleneck
with 0.1% emulated packet loss rate and TCP background traffic.

video stream is chosen from the third adaptation set (4Mbps
to 12Mbps).

Obviously, the DASH session significantly reduces the video
bit rate throughout the whole experiment (Figure 5, top) even
though the network is clearly underutilized during the first
180 s. As soon as the background stream TCP3 is initiated,
network congestion leads to a reduction of the throughput for
all protocol streams. The PRRT-based streaming architecture
transmits the video at the maximum quality level of 12Mbps
as long as the available bandwidth is underutilized (Figure
5, bottom). Shortly after the initiation of TCP3, however, the
architecture reduces the video bit rate in order to fairly share
the available bandwidth with the parallel TCP sessions.

In order to express the increase of throughput and video
quality introduced by the presented streaming architecture in
absolute figures, we calculate the transmitted data volume
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Figure 6. Throughput of the proposed streaming architecture on an emulated
32Mbps broadband network terminated by an IEEE 802.11n wireless LAN
in presence of TCP background traffic.

between the start of the dynamic video stream and TCP3
entering the network, i. e. the period of 120 s in which the
network is not saturated, such that unutilized bandwidth can
be acquired opportunistically for the video stream. Overall
264.62Mbyte are sent through the network bottleneck in
the interval from 60 s to 180 s in case of the TCP-based
video streaming. The opportunistic bandwidth allocation of the
proposed architecture utilizes more than 33% of additional
bandwidth such that overall 354.25Mbyte are transmitted
during the same time interval. Whereas the TCP-based video
stream transmits 106.01Mbyte, the proposed architecture puts
171.55Mbyte through the network path, which corresponds
to an increase of the video bit rate by more than 60% in
average. Importantly, the increase of the video source rate does
not reduce the throughput of the background traffic as it relies
purely on the allocation of previously unutilized bandwidth.

In a final experiment we append a physical IEEE 802.11n
wireless LAN to the emulated bottleneck in order to evaluate
our dynamic streaming approach under the dynamics of a
wireless home network (Figure 6). The wireless receiver is
located in a distance of 5m from the AP while both are
separated by one wall. The wireless experiment confirms the
opportunistic TCP-friendliness of our streaming architecture as
previously observed under the emulated packet loss rate.

IV. CONCLUSION

As evidenced by the above experiments, TCP-based media
streaming suffers significantly on wireless IP networks due
to TCP’s severe throughput variations. While the throughput
variations are clearly not caused by insufficient bandwidth,
they are the result of physical packet loss and large variations
in the network latency. Especially the latter effect leads to
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excessive timeout events in the reliable transport protocol and
causes therefore significant underestimation of the available
bandwidth. Hence, dynamic stream switching rather compen-
sates for the shortcomings of HTTP/TCP-based transport than
for the limited availability of network bandwidth on wireless
and mobile Internet paths. The presented dynamic streaming
architecture therefore implements media transport based on
PRRT, which provides efficient, predictably reliable error con-
trol. We enhance the protocol with proactive packet scheduling
under delay-based congestion control for optimal utilization
of the available bandwidth on wireless and mobile Internet
paths. The presented scheme implements opportunistic TCP-
friendliness by allocating bandwidth that remains unutilized
by inefficient TCP sessions as long as the network is not
saturated. Throughout our experiments, this behavior leads to
an increase of the video bit rate by up to 100%, which results
in a significantly higher quality of the received video.
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