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ABSTRACT
Streaming media applications are plagued with playback
disruptions due to client buffer underflow resulting from
fluctuations in network throughput. When some clients are
experiencing buffer underflow and disruptions, other clients
may have excess buffered data. This suggests that disruptions can be reduced by the redistribution of resources to
provide higher throughput to streaming sessions with less
buffered data, that is, to sessions with greater need. This
paper proposes a scheme that achieves an effective or endto-end result of the above dynamic resource allocation without the use of either explicit per-session resource reservation or across-session coordination. Instead, each packet is
stamped at the source with the buffer occupancy of the session, and prioritized scheduling is performed at the resource
bottleneck to favor packets with smaller buffer occupancy.
Due to the actions of end-to-end congestion control, higher
throughput can then be maintained for streaming sessions
with less buffer. Experimental and simulation results show
that the proposed scheme can increase the mean time between playback disruptions by a factor of 4 for fixed initial
buffer time, or reduce the required initial buffer by a factor
of 2.5 for fixed probability of hitting a playback disruption.
1. INTRODUCTION
In streaming media applications, media data has to be continuously available at the client to prevent highly objectionable disruption or stalling in playback. Due to possible fluctuations in the available bandwidth for a streaming media
session, buffering is typically employed at the client to reduce the frequency of playback disruption. Nevertheless,
for a number of streaming media sessions sharing a bottleneck link, it is typical that some sessions may experience
buffer depletion, and therefore suffer playback disruption.
Perhaps surprisingly, while some streaming sessions may
be experiencing buffer depletion, other sessions operating
over the same bottleneck link may have plenty of buffered

data. This could be due to either the fluctuation of available capacity on the bottleneck link or different network
conditions experienced by streaming sessions. This striking
unbalance suggests that a reduction in playback disruption
may be achieved by explicitly or implicitly allocating more
instantaneous bandwidth resources to media sessions with
less buffered data.
The motivation for this work was to reduce the spread,
or equalize the playback buffer for streaming media sessions
sharing a bottleneck link. In such a way, the aggregate number of playback disruptions can be reduced. We refer to
this as Playback Buffer Equalization (PBE). The paper proposes a scheme that achieves an effective or end-to-end result of dynamically allocating more resources to streaming
media sessions with more critical need of resources without
using explicit network reservation. This is accomplished
by exploiting the dependence of the transmission rate of
media sessions on the characteristics of the transport environments. Specifically, our approach begins by inserting
in each packet a label corresponding to the buffer occupancy of the streaming session the packet belongs to. For
resource bottlenecks that provide two or more types of delivery service of different grade, joint prioritization across
all streaming sessions is performed at the resource bottleneck using only the labels in the packets. In such a way,
streaming sessions with little playback buffer can be transmitted using a higher grade service, and thereby indirectly
trigger the end-to-end congestion control mechanism to operate at higher throughput at the expense of streaming sessions that already have plenty of buffer. Since the transport
prioritization at the resource bottleneck is based on labels
carried in the packets, but without any other streaming or
transport session information, we call our scheme PlaybackBuffer Equalization using Stateless Transport Prioritization
(PBE-STP). Some advantages of PBE-STP are as follows.
First, no client or protocol modification - streaming clients
and protocols that are already widely deployed today can be
used directly without requiring global upgrade. Second, existing QoS mechanisms, such as the differentiated services

model (DiffServ) [1] of the Internet, can be employed since
the scheme does not require networks to possess mediaspecific knowledge, or be modified in other ways. Third,
the multiple streaming sessions may be delivered from multiple streaming servers which may potentially be located in
different places, and no coordination among the streaming
servers or even the streaming sessions from a single server is
required. In addition, unlike some approaches, no frequent
setup/teardown or reconfiguration of the QoS network is required since prioritization of resources is across all media
sessions sharing the bottleneck resource.
PBE-STP may be beneficial in a number of practical
scenarios involving multiple users behind a single resource
bottleneck. One possible example is multiple cable modem users sharing the same connection to an Internet service provider. Another example is campus networks where
many workstations are potentially sharing only a few connections to the Internet.
The remainder of the paper is organized as follows. We
first survey in Section 2 related approaches to mitigate the
effects of playback disruption in streaming media applications. We then describe our proposed scheme in Section 3.
Evaluation of some possible implementations of the general
design is given in Section 4, followed by additional simulation results in Section 5. Finally, a conclusion is given in
Section 6.
2. RELATED WORK
One of the major challenges of streaming media is guaranteeing that media data is continuously available at the
client. To this end, many advances have been made, including those assuming only a best-effort network, and those assuming infrastructure support in the form of network QoS [2]
or intelligent resource management [3]. In this section, we
first summarize prior work for best-effort networks, which
are complementary with our proposed scheme and can be
used in conjunction. We then describe prior work that exploits infrastructure support and discuss their advantages
and disadvantages. Finally, we survey related works that target different problems but with some relevance to our work.
2.1. Related Work for Best-effort Networks
Client buffering: Current streaming systems, including those
from Microsoft and Real Networks, implement congestion
control whereby a streaming server 1) estimates the available bandwidth of a media streaming session based on prevalent network conditions, and 2) streams the media according
to the estimated available bandwidth. Since the available
bandwidth fluctuates with time, if no buffering is used then
playback disruption would occur if the instantaneous available bandwidth is lower than the media rate. To reduce the
number of playback disruptions, existing streaming clients

typically employ a buffer of 5 to 15 seconds. With such
buffering, a client can pre-fetch data that is not immediately
needed when the available bandwidth is above the media
rate, and then drains the buffer when the available bandwidth is below the media rate. In such a way, playback
disruption will not occur when the available bandwidth is
temporarily below the media rate, unless the buffer is also
empty.
There have been a variety of strategies proposed to improve the effectiveness of client buffering, including slowing down the media playout rate at the client to reduce its
consumption rate and help prevent buffer underflow [4].
Multi-rate switching: Another complementary technique
to buffering is multi-rate switching whereby multiple copies
of the same content at different bit-rates are made available. Early implementations of streaming media systems
coded the same content at a few strategic media rates targeted for common connection speeds (e.g. one for dialup
modem and one for DSL/cable) and allowed the client to
choose the appropriate media rate at the beginning of the
session. However, these early systems only allowed the media rate to be chosen once at the beginning of each session.
In contrast, multi-rate switching enables dynamic switching
between different media rates during a single streaming session. This mid-session switching between different media
rates enables better adaptation to longer-term fluctuations in
available bandwidth than can be achieved by the use of the
client buffer alone. Examples include Intelligent Streaming
from Microsoft and SureStream from Real Networks [5].
Layered or scalable compression: A more elegant approach
to adapt to bandwidth fluctuations is to use layered or scalable compression. This is similar in spirit to multi-rate switching, but instead of producing multiple copies of the same
content at different bit-rate, layered compression produces
a set of (ordered) bitstreams (sometimes referred to as layers) and different subsets of these bitstreams can be selected
to represent the media at different target bit-rates [6]. Many
commonly used compression standards, such as MPEG-2,
MPEG-4 and H.263 have extensions for layered coding. Nevertheless, layered or scalable approaches are typically not
used because they incur a significant compression penalty
as compared to non-layered/non-scalable approaches.
2.2. Related Work using Infrastructure Support
A typical scheme for streaming media that exploits network
QoS support by explicit reservation has the following two
characteristics. First, different streaming media sessions negotiate (and potentially re-negotiate over time) resources independently of each other. Second, resource-allocation decisions are often made in an uncoordinated fashion, and are
typically based on instantaneous resource availability. Examples of such schemes are [2, 7]. Consequently, there is

no guarantee that a session in critical need of resources can
obtain them even when other sessions sharing the same resource bottleneck may have excess resources. Furthermore,
the complexity of such schemes is high due to frequent establishment and teardown of reservations.
A related dynamic resource allocation scheme that explicitly provides more bandwidth to streaming sessions with
less buffered data has been proposed in [3]. Instead of relying on explicit resource reservation, the scheme simply dynamically allocates the bottleneck resource (wireless bandwidth) according to the need of each streaming session. However this approach requires matching custom-designed streaming clients and custom-designed infrastructure to achieve
the desired bandwidth allocation across sessions. Specifically, each of the custom-designed clients transmits a proprietary feedback to the custom-designed infrastructure for
every streaming session. The proprietary feedback contains
enough information to estimate at the infrastructure the current session state (buffer occupancy). The custom-designed
infrastructure then keeps and maintains the states (buffer occupancy) for each session sharing the same wireless bandwidth, and explicitly allocates the available bandwidth according to the “Join the Shortest Queue” (JSQ) policy, where
the session with the least buffer (in time) will receive the
next available bandwidth resource in the form of code or
frequency/time slot depending on the actual wireless system
used. In such a way, the system allocates more resources to
streaming sessions with more critical needs for bandwidth.
The above scheme provides adaptive resource allocation
among multiple sessions, however it has a number of drawbacks: The requirement of a proprietary client feedback
means that 1) clients need to support an additional feedback
mechanism, and 2) existing clients cannot be used. Unlike
server upgrades, client upgrades are typically difficult due
to the large number of parties involved. A custom-designed
infrastructure is required to implement the specific resource
allocation scheme, and to collect feedback from clients. As
a result, existing infrastructure cannot be substituted. The
custom-designed infrastructure has to maintain up-to-date
states for each streaming session, thereby incurring additional complexity in the overall system. This can lead to
scalability problems when supporting a large number of sessions.
In [8], a scheme to share bottleneck bandwidth across
several TCP flows according to application need is proposed.
Specifically, the scheme does not require modifications to
the delivery infrastructure, but instead relies on additional
out-of-band collaboration of TCP clients to achieve the desired allocation.
2.3. Other Related Work
In a DiffServ framework, the authors of [9] showed an example where traffic prioritization is more effective when

based on “flow state” than on application types. Specifically, their goal was to improve the performance of interactive TCP applications such as Telnet and Web. They propose
a scheme to give priority at the sender to low-volume interactive traffic by (1) assuming that TCP flows with smaller
congestion window size (i.e. TCP flow state) correspond
to the interactive TCP applications that they would like to
prioritize, and (2) giving those identified flows higher priority at the sender. This work is related to ours in the sense
that it is designed to perform traffic prioritization to improve
the performance of some session over others. However, the
proper priority can be maintained for TCP flows from a single server only, and it is performed at that server. In contrast,
with PBE-STP the “flow state” (client buffer in seconds) is
embedded in each packet and therefore global prioritization
across all flows from multiple servers can be performed at
an intermediate resource bottleneck within the network.
Information exchange between data senders and routers
can improve end-to-end data transmission. In Explicit Congestion Notification (ECN) [10], routers set the Congestion
Experienced (CE) bit in the IP packet header to inform data
senders of network congestion. In PBE-STP, the information flows in the opposite direction from data senders to
routers.
3. PBE-STP: OVERVIEW AND DESIGN
The general framework of the proposed system is depicted
in Fig. 1, and consists of the following elements:
Media Streaming Server that implements any commonly
employed streaming media standard and congestion control algorithm. For each streaming sessions, the streaming servers first derive the client buffer occupancy of each
session using existing knowledge of the start-time and the
amount of data transmitted for that session. A label representing the time-varying Time-To-Depletion for each session is then recorded in each IP packet belonging to that
session.
QoS Network that offers at least two types of services that
differ in end-to-end packet loss rate, delay, or both. Example includes Asynchronous Transfer Mode (ATM) networks, Integrated Services (IntServ) and Differentiated Services (DiffServ) Internet.
Packet Classifier performs assignment of each packet to
the different available types of service based only on the
label contained in a packet.
Streaming Clients that are compatible with the associated
Media Streaming Server. They are not aware of the presence
and actions of the packet classifier above.
In Fig. 1, a number of streaming servers, A to K , are
streaming to clients, 1 to N , through the same resource
bottleneck in a QoS Network. Packets are marked with
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Fig. 1. Architecture of the proposed scheme. The network
and streaming clients, which do not require modifications,
are shown shaded.
labels corresponding to the time-to-depletion of their respective session at the servers. The packet classifier then
classifies each packet into one of the M available service
classes based only on the packet’s label. Specifically, packets with labels corresponding to a smaller time-to-depletion
are preferentially given better service. Transmitting packets
of a session using a better service has a number of effects.
First, the direct effect is that the packets themselves will be
delivered faster, or dropped with a lower probability. Second, an important but indirect effect is that sessions whose
packets are transmitted using a better service will effectively
observe a “better” channel, and by virtue of their congestion control, boost their transmission rates, as illustrated
by Fig. 2. Despite the fact that congestion control mechanisms in the streaming servers and clients are not aware
of the existence of the proposed techniques, the preferential
assignment of a better service to sessions with less client
buffer will trigger higher transmission rates to sessions with
greater need. Note that since the assignment of labels to
the M network services is performed locally at the resource
bottleneck, global optimization for all streams across different servers can be achieved.
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Fig. 2. PBE-STP exploits behaviour of congestion control
mechanisms to achieve preferential allocation of resources.
Typical congestion control mechanisms rely on end-toend measurable quantities such as round-trip propagation
delay and packet loss statistic to infer the level of congestion in the transmission path. When the congestion level is

high, the typical action is to lower the transmission rate so
that through the collective actions of all sessions, the level
of congestion can be controlled. Generally, higher end-toend propagation delay and higher packet loss rates are associated with higher levels of congestion. For instance, it
is well known that for TCP flows, the goodput (G), or the
rate at which data can be reliably transmitted, is related to
the round-trip propagation delay RT T , the packet loss rate
p, and the maximum transmittable unit size MT U , roughly
by [11]:

G=

:  MT U
RT T  pp

1 22

(1)

Despite the popularity of TCP-friendly congestion control for streaming media, which explicitly attempts to transmit at the same average rate as TCP, the actual congestion
control mechanisms employed by streaming media systems
may be different. Nevertheless, the general action is still to
transmit at a lower rate with increasing round-trip time or
packet loss rate, and vice versa. As a result, the proposed
method can be applied to general congestion control mechanisms as well.
For the purpose of this paper, we focus on video sessions
that are conducted using TCP only. This allows us to focus
on the key issues, without becoming entangled in all the
variations of TCP-friendly congestion control. Also note
that TCP is the protocol commonly employed for HTTP
streaming.
4. PBE-STP: EVALUATING THREE
IMPLEMENTATIONS
In this section, we describe evaluation results of three specific implementations of PBE-STP using a physical network
test-bed depicted in Fig. 3. Specifically, we consider the
scenario where 9 flows of constant bit-rate 1.2 Mbps and
duration 300 seconds are streamed from the servers in Fig. 3
to clients in the receiver machine through a 10 Mbps bottleneck at node R. Six of the flows start at time 0 and the remaining three flows start at times 60, 120, and 180 seconds,
respectively. A 3-bit label representing the time-varying
Time-To-Depletion for each session is then recorded in the
Type-Of-Service (TOS) field of each IP packet belonging to
that session. Time-To-Depletion for a streaming session is
the time for which media playback can be sustained using
only data that has already been buffered (playback buffer
occupancy). The meaning of the label is given in Fig. 4.
The bottleneck node R is a Linux machine that implements
various traffic differentiation schemes to be described next.
4.1. Baseline: First-In-First-Out
As a baseline for comparison, we describe the results for the
scenario described above when the Linux box R implements

10.1.0.15

bottleneck
10 Mbps

10.1.0.1

10.2.0.1

10.2.0.23

Receiver

10.1.0.25

Media Received (s)

R

100 Mbps

300

200
150
100
50
0

Servers

2 3

4
8

5
16

6
32

7
64

Label
Buffer occupancy (s)

Buffer Occupancy (s)

1

0 2 4

0

50

100

150

200

250

200

250

Time (s)

Fig. 3. Physical test-bed for evaluating PBE-STP implementations. All links besides the bottleneck link are 100
Mbps.
0

media required
media received

250

60
50
40
30
20
10
0

0

50

100

150

Time (s)

Fig. 4. Mapping between client playback buffer occupancy
and the 3-bit label carried in the TOS field of IP header.
simple first-in-first-out (FIFO) forwarding. The top graph
of Fig. 5 shows the amount of data received by the different streaming sessions in a typical run of the scenario. The
amount of data is reported in seconds, and is the ratio of the
amount of received data in bits to the bit-rate of the media.
Media playback starts five-seconds after streaming starts
(i.e. 5 sec pre-roll buffer), and the dotted lines show for
each stream the amount of data that needs to be consumed
as a function of time to maintain the streaming session with
no playback disruption. In other words, playback disruption
occurs when the solid line crosses the corresponding dotted
line, as indicated by the red triangular markers in Fig. 5. After a playback disruption, a client would pause and rebuffer
for 5 seconds before resuming playback. The difference between the solid and the dotted lines of a streaming session
is the client buffer occupancy, which is shown in the lower
plot of Fig. 5. We see that there is generally a very large
spread in the amount of client buffer across sessions that
start at different times. Between time 0 to 60 seconds, there
are only 6 sessions sharing the bottleneck link, and all sessions are building up their client buffer. At about time 150
seconds, there are 8 flows sharing the bottleneck link, and
none is gaining in buffer occupancy. Finally, when the last
session starts at time 180 seconds, the throughput that each
of the flows receives is lower than the media rate, and they
are all draining their client buffers. The last stream, with
the least buffer build-up from uncongested times, is the first
to experience playback disruption, followed by the second
to last stream. Furthermore, we note that the last two sessions are experiencing playback disruptions at a time when
the other sessions have ample amounts of buffered data at
the clients. The goal of PBE-STP is to exploit such spread
to provide higher throughput to sessions with less buffer at
the expense of sessions with more buffer.

Fig. 5. Example illustrating the situation under conventional FIFO. Media sessions that start later (when bandwidth is constrainted) have much less client buffer built
up as compared to media sessions that start earlier (when
bandwidth is available), and therefore are afflicted by numerous playback disruptions.

4.2. Strict Priority Queues
One possible scheme for prioritizing traffic flows with different labels is to use simple priority queues, where the
number of queue equals the number of label. In such a way,
it is guaranteed that packets with labels of higher priority
are always delivered first. We employed a Linux routing
daemon implementing an 8-class priority queue at node R
of Fig. 3. Specifically, the routing daemon examines the
3-bit label in the TOS field of the IP header without considering per-flow information, and simply assigns the packet to
one of the eight queues corresponding to the eight possible
labels. The results of a typical run using priority queues are
given in Fig. 6. Comparing the bottom plots of Figs. 5 and 6,
we notice that using priority queues, PBE-STP is effective
in bringing the client buffer occupancy of new sessions to
a similar level as the other existing sessions in a short time.
Specifically, under priority queue, when new sessions start
at times 60, 120 and 180 seconds, they receive large instantaneous throughput to boost their client buffer occupancy,
as shown by the steep slopes in the bottom plot of Fig. 6.
In contrast, under FIFO later sessions never attain the same
client buffer occupancy as earlier sessions.
We observe that playback disruptions are still present
under PBE-STP with strict priority queues. But unlike the
FIFO case, disruptions do not concentrate in later sessions,
but can appear in any session regardless of starting time.
Such disruptions are typically preceded by long periods of
zero throughput as indicated by horizontally flat lines in the
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upper plot of Fig. 6. Such complete loss of throughput for
extended periods is due to a combination of TCP behavior and starvation caused by priority queuing. Specifically,
a session with low priority may temporarily receive zero
throughput due to preemption by higher priority traffic. This
in effect may trigger the exponential back-off algorithm of
TCP [12] which causes a TCP source to suspend transmission up to 64 seconds even when resources may become
available before then. For instance, in the top plot of Fig. 6,
the last playback disruption at around time 250 seconds is
preceded by a 64-second period of zero throughput.
4.3. Premium + Best Effort Services
To avoid triggering TCP exponential back-off and starvation in general, one general approach is to limit the amount
of high-priority traffic. In this section, we consider the practical setting of having two types of traffic, premium or high
priority traffic that has restricted throughput, and best-effort
or low priority traffic. In the context of Fig. 3, we employed
a routing daemon implementing a two class priority queue
at R where the throughput of the high priority queue is restricted to  . Without distinguishing packets from different sessions, the routing daemon simply looks up the label,
b, in the TOS field of each packet, and compares it to a
classification threshold, T . If b  T , the packet will be delivered using the Premium service. Otherwise, the packet
will be delivered using the Best-Effort service. For each of
the eight labels b, we maintain the running average of traffic load b for that label using the rate estimation technique
in [13]. The classification threshold T is then adjusted so
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Fig. 6. Using priority queues, PBE-STP allows sessions
starting at different times to achieve roughly the same
client buffer occupancy. Nevertheless, long periods of zero
throughput are observed.
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Fig. 7. Using a maximum of 30% premium traffic, PBE-STP
reduces playback disruptions, but maintains large spread in
the amount of client buffer occupancy.
The corresponding results for   of 3 Mbps are shown
in Fig. 7. We observe two improvements from FIFO and
priority queuing. First, no playback disruption is observed.
Second, extended periods of zero throughput observed in
Section 4.2 are not present. Nevertheless, there is generally
a rather large spread in the level of client buffer occupancy
across the different sessions. The dashed line in the bottom
plot of Fig. 7 indicates the classification threshold at different times. When a new stream starts, it is classified as
premium due to its low client buffer occupancy. As a result high instantaneous throughput is achieved which eventually lead to a buffer occupancy level above the classification threshold. Nevertheless, in steady-state operation,
apart from the short times when new flows are injected, all
sessions are classified as best-effort, and the system effectively behaves as FIFO. This is because we quantized the
buffer occupancy according to Fig. 4. When the lowest label with significant amount of traffic has a rate above our
target high priority traffic rate,   or 3 Mbps, the rule according to Equation 2 is to not transmit high priority traffic.
Despite the fact that the PBE-STP is behaving as FIFO most
of the time, the ability to provide an initial build-up of buffer
for new flows effectively reduces playback disruption.

4.4. Hybrid Priority Queues
The two-class priority queue in Section 4.3 enjoys only limited success. The primary drawbacks include the overhead
to estimate traffic load corresponding to different labels, and
more importantly, the steady-state FIFO behavior discussed
in Section 4.2. Another approach to prevent starvation is to
employ hybrid priority queues that switch between roundrobin and priority queues in a periodic fashion. Specifically
in the context of Fig. 3, we consider a hybrid queuing discipline in node R that maintains 8 queues corresponding
to the 8 possible labels. Packets are served according to
two alternating rules so that every K packets served according to priority queuing are followed by one packet served
according to round-robin. The corresponding results for
K = 15 are shown in Fig. 8. Compared to approaches
in Sections 4.1 to 4.3, there is generally less playback disruptions, and the spread in client buffer occupancy is much
smaller. The remaining client buffer spread in the bottom
plot of Fig. 8 is due to the quantization effect of label assignment according to Fig. 4, where packets for flows with
16 to 32 seconds of client buffer are assigned an identical
label.
5. QUANTITATIVE RESULTS
In this section, we quantify the performance improvement
of PBE-STP over FIFO queuing. Since the effectiveness of
TCP feedback control scheme depends strongly on propagation delay, we are interested in comparing PBE-STP against
FIFO under different amounts of propagation delay in addition to different levels of network load. The hybrid queue
implementation of PBE-STP in Section 4.4 is employed. In
order to gain precise control of propagation delay, results in
this section are generated using the discrete-event network
simulator ns-2 [14].
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Generally, it would be desirable to assign packets to “fill
the high priority pipe”. However, the simple deterministic classification rule given in Equation 2 may fail to fully
utilize the amount of high priority traffic that is available,
 . One possible implementation to increase utilization is
to randomly assign packets with label T to “fill the pipe”,
i.e., until the amount of high priority traffic meets   [9].
It turns out that such an implementation may lead to lower
overall throughput. This is because traffic for TCP flows
with label T will be transmitted in both the low and high priority classes, resulting in large random jitter that decreases
TCP throughput. Specifically, a TCP flow that consistently
receives better QoS can sustain a higher throughput, however the same statement may not be true if only a portion
of a flow experiences better QoS. This motivates our use of
Equation 2 which guarantees consistency in packet classification when the threshold is constant.
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Fig. 8. Using hybrid priority queue, PBE-STP achieves
small spread in client buffer occupancy as well as few overall number of playback disruptions.
5.1. Simulation Setup
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Fig. 9. Simulation topologies. Unless otherwise indicated,
links are 100 Mbps and with negligible delay.
The network topologies in Fig. 9 are used for simulations in this section. Media traffic originating from various nodes with initial designation of S is streamed via TCP
through a common resource bottleneck B to clients in node
C . PBE-STP is implemented at node B . For media traffic, we assume Poisson arrival of intensity new sessions
per second. For each new session, we choose a constant
media bit-rate from 100, 300, and 500 kbps uniformly at
random. The media duration is drawn uniformly according to an empirical distribution obtained from actual media
access logs of over 1.2 million accesses from HP Media Solutions. By varying the arrival intensity , we can achieve
different levels of Loading Factor, which is the average aggregate streaming rate to the bottleneck bandwidth. Note
that loading factor is an average quantity, so that short timescale congestion may still occur at loading factors below 1,
and vice versa.
Since it may take a long time for the media traffic to
build up and reach “steady state”, we introduce a batch of
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All traffic is media traffic carried by TCP and no unresponsive UDP flows are employed for two reasons. First,
the presence of unresponsive flows unduly complicates fair
comparison between FIFO and PBE-STP, since any difference in quality of service received by unresponsive flows
under the two schemes has to be accounted for. Second, the
empirical distribution of media access duration discussed
above has long tail with concentration of very short accesses.
As a result, the generated traffic naturally contains both short
and long time-scale fluctuation in load.
The streaming clients implement a five second initial
buffer (pre-roll buffer) so that playback will start after a five
second delay at startup. Also, each time a playback disruption occurs another five second delay for re-buffering will
take place.
5.2. Simulation Results
The following two metrics are used to quantify the performance advantage of PBE-STP over FIFO forwarding:
Disruption Frequency: the number of playback disruptions a media session is expected to experience per second
of media playback. For each experiment, we denote the
number of playback disruptions and the duration for flow
i by ni and di , respectively. We approximate the disruption
frequency, F , by:

Pn
F = Pi i
i di

Required Initial Buffer-time (RIB): the amount of initial
buffer time that would allow 95% of flows to finish without encountering any playback disruption. At a given load,
this measure signifies the proper amount of initial buffer
time, and thus wait-time, that should be used to achieve
95% flows without disruption, had we known the network
condition beforehand. For flow i, we denote by r ik the time
when frame k is received, and by p ki the time when frame k
is needed for playback. Then the initial buffer time b i that
is required for flow i to avoid playback disruption can be

pki )+ g

bi = maxf(rik
k

where

rik

(

pki )+ = maxfrik

pki ; 0g

The Required Initial Buffer-time is then calculated as the 95
percentile of bi .
For each test condition, two tests are performed where
the exact same media traffic is used to guarantee fair comparison between PBE-STP and FIFO. This means that the
set of starting times, durations, and bit-rates for all the media flows are identical for corresponding PBE-STP and FIFO
experiments. All simulations are performed for one hour of
simulated time.
5.2.1. Different Network Load
Using the topology of Fig. 9-(a) with a bottleneck link delay Æ of 10 ms, and with sources randomly placed at nodes
S and S 0 , we performed 66 independent simulations of one
hour simulated time each, at different loading factors between 0.92 and 1.06. For each of the 66 simulations, each
consisting of hundreds of media streams, a single disruption
frequency and required initial buffer time (RIB) are reported
to summarize the service quality at that particular loading
factor. The results are given in Fig. 10. We make two obDisruption Freq (Hz)

fi (x) =

calculated as follows.
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media traffic starting at time 0 to model the effect of media flows that started at negative times. Note that the initial
traffic will have a bit-rate distribution identical to that of the
regular media traffic. Assuming independence, the expected
number of initial streaming sessions N can be calculated as
the product of the average duration d and the arrival rate
of the regular media traffic. Given the PDF of the duration
of regular media flow f (given by the empirical distribution
discussed above), it can be shown that the PDF for the duration distribution of the initial media flows, f i , is given by:
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Fig. 10. PBE-STP achieves significantly lower Disruption Frequency and Required Initial Buffer-time (RIB) than
FIFO at loading levels less than unity.
servations. First, at loading factors below unity, PBE-STP
out-performs FIFO on almost every case using identical media traffic. Specifically, the average disruption frequency at
loading factors below one is 0.0072 and 0.0016 for FIFO
and PBE-STP, respectively. This means the expected time

5.2.2. Different Network Delay
Since the effectiveness of TCP to effect changes in transmission rate decreases with increasing delay, it is expected that
the performance of PBE-STP would as well. To compare
the performance of PBE-STP with FIFO at different network delays, we repeat the simulation experiments in Section 5.2.1 with different values of network delay. Specifically, for the topology in Fig. 9-(a), experiments are performed for Æ of 5, 10, 20, 40, 80, 160, 320 and 640 ms. The
results are summarized in Fig. 11. We see that generally
the disruption frequency increases for both PBE-STP and
FIFO as propagation delay Æ increases. Specifically, when
Æ is increased from 5 to 640 ms, the disruption frequencies
for both PBE-STP and FIFO increase roughly twenty times.
Nevertheless, PBE-STP constantly maintains significantly
lower disruption frequency. In Fig. 12, we plot the ratio of
the average disruption frequency for PBE-STP and FIFO,
as a function of different values of delay Æ . Separate ratios
are reported for loading factors above and below unity. We
see that despite the absolute performance degradation associated with increasing feedback latency, the relative performance improvement in disruption frequency stays relatively
constant.
5.2.3. Streams with Mixed Delay
We next compare the behavior of PBE-STP against FIFO
when multiple streaming sessions with different end-to-end
network delay are sharing a common resource bottleneck.
Specifically, we use the topology of Fig. 9-(b), where media
traffic is being generated independently at source nodes S 1
to S4 . The average amount of traffic from the 4 source nodes
is the same, and different loading factors can be achieved by
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Fig. 11. Disruption Frequency for FIFO and PBE-STP for
different one-way propagation delays.
Ratio of Disruption Freq
(FIFO/PBE−STP)

between playback disruptions is about 1=0:0072 or 139 seconds for FIFO and 625 seconds for PBE-STP – a 4:5 times
improvement. Similarly, at the same range of loading factor, the average RIB for FIFO and PBE-STP are 79 and 28.5
seconds, respectively – a 2.8 times improvement. Second,
at loading factor above unity, PBE-STP still outperforms
FIFO on average, but the performance improvement diminishes and there are more experiments in which FIFO performs better. Specifically, only an average improvement of
33% and 16% are observed for disruption frequency and
RIB, respectively. For loading factors above unity, it is expected that PBE-STP will provide small performance improvements over FIFO, since PBE-STP can neither create
resources nor reduce demand. Instead, it realizes intelligent resource management to provide more throughput to
streams with higher need at the expense of streams with less
need. At the highly loaded regime, very few streams can afford to receive reduced throughput, and the effectiveness of
PBE-STP diminishes.
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Fig. 12. Relative performance improvement of PBE-STP
over FIFO, as a function of one-way propagation delay.

increasing the arrival intensity of new flows , as described
in Section 5.1. As before, 66 simulations of one hour duration each are performed at different loading factors between
0.92 and 1.08. For each loading factor, 4 average numbers
of disruption frequency are reported, one for each source
node S1 to S4 . The results are shown in Fig. 13. We see
that under FIFO, streaming sessions that originate from the
distant node S4 consistently receive poor service. Even at
lower loading factors near 0.92, streams from S 4 experience
a disruption frequency of 0.05, or roughly a playback disruption every 20 seconds. This is due to the dependency
of TCP throughput on round-trip time given by Equation 1,
which indirectly assigns higher throughput to streaming sessions with low round-trip-time at the expense of sessions
with higher round-trip-time. Such throughput assignment
without regard to application needs causes streams from
S4 to suffer playback disruptions even when many streams
from S1 have plenty of buffered data at the playback client.
In contrast, under PBE-STP, the effective or resulting allocation of bottleneck throughput is dependent on application
need. As a result, at loading factors below unity, playback
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