
Quantitative Analysis of Strategies for Streaming Media Distribution

Marisa A. Vasconcelos Leonardo C. da Rocha Juliano de C. Santos José Ismael P. Jr
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Abstract

Distribution of streaming media content, including
live news, music and videos, is becoming increasingly
popular in today’s Internet. Traditional client/server
architectures are inefficient for distributing streaming
media objects because of the high demands for system
resources, especially server and network bandwidth, which
severely limit the total number of simultaneous users
the system can support. One proposal for improving the
scalability of media distribution systems is the use of P2P

overlay networks. Although a number of previous work has
evaluated different aspects of P2P systems, mainly through
simulation, there is a lack of a thorough quantitative
analysis of the requirements for server and network
resources (i.e., CPU, server and network bandwidth) in
actual P2P systems, compared to traditional client/server
systems.

This work aims at filling this gap by providing
experimental results that quantify the savings in server and
network resources if a P2P approach is used for distributing
live streaming media instead of the traditional client/server
approach. Towards this goal, we build an experimental
testbed, in a controlled environment, to evaluate actual
systems with varying number of clients during periods
when the distribution tree is static. A key component of
this experimental testbed is a new efficient and scalable
application called streaming servent, which can act both as
a client and a server, forwarding packets to other clients.
We also use simple analytical formulas to evaluate the
scalability of our servent application. The experimental
results quantify the intuitive better scalability of the P2P

architecture. As an example, the total server bandwidth
decreases from 15 Mbits/s to 9 Mbits/s (a 40% reduction)
if a P2P architecture is used instead of a client/server
architecture for live delivery of a given file to 24 clients.

1. Introduction

The Internet has recently experienced a significant
increase in streaming media traffic [20], which can be
explained by several factors including improvement of
network bandwidth in the Internet backbone and the
availability of faster “last mile” connections such as cable
modems and DSL as well as the development of more
efficient video and audio compression methods such
as divX [2] and MP3 [3]. The traditional approach to
streaming media distribution is a client/server architecture
where popular media is distributed via unicast streaming
from a server directly to the clients.

However, the high server and network bandwidth
requirements of streaming media content motivate the
use of multicast distribution, where multiple clients may
share the transmission of a single stream, thus reducing the
overall demand for bandwidth. Recent characterizations
of the workload of media servers have shown the benefit
of using multicast for delivering content to the clients,
either explicitly, by simulating multicast-based protocols
for streaming the most popular pre-stored media objects
available in a server [6] or implicitly, by measuring the
number of clients simultaneously requesting the same
content [19]. In [19], for instance, the authors show that
the number of concurrent clients requesting the same live
content from a popular media server fluctuates from around
a hundred to up to thousands on the course of a day.

Multicast can be implemented either at the network
level (IP multicast [10]) or at the application level [7, 11].
Whereas IP multicast has not been effectively deployed
in the Internet, there have been several proposals for
application level multicast, which can be implemented
through overlay-router networks [11] or peer-to-peer
overlay networks [7, 18].

In overlay-router networks, such as Vcast [11], a central
server distributes the content to other servers, placed across
the network, which act as application level routers for the
streams originated from the central server to the clients. In
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case of pre-stored content, these servers may also (partially)
cache some of the streams so that future client requests
may be served locally. The main disadvantage of this type
of architecture is the extra cost incurred by the need for
dedicated servers.

On the other hand, in a peer-to-peer (P2P) overlay
network, the extra costs are avoided by implementing
application level multicast through cooperation of clients
and server. In other words, the application level multicast
distribution tree is built among clients (i.e. peers), which
request the stream either from the central server or from
another client, and may forward the content to other
clients further down in the distribution tree. Conceptually,
the total load that would be imposed on the server in a
traditional client/server architecture is distributed among
server and clients. Thus, the system is expected to have
better scalability with practically no extra cost. Throughout
this paper, we use the term system scalability to refer to the
system’s ability of providing the same quality of service for
an increasing number of simultaneous clients.

Despite the intuitive appeal of P2P overlay networks,
little has been done to quantify its scalability. In other
words, despite a number of related projects, which focus
mainly on simulating alternative policies for dynamically
building the P2P distribution tree [7, 9, 14, 18], there is
a lack of a quantitative analysis of the requirements in
terms of server and network resources (i.e., CPU, server
and network bandwidth) in actual P2P systems, compared
to traditional client/server systems.

The main goal of this paper is to fill this gap by providing
experimental results that quantify the savings in server and
network resources if a P2P approach is used for distributing
live streaming media instead of the traditional client/server
approach. Towards this goal, we build an experimental
testbed, in a controlled environment, to evaluate actual
systems with varying number of clients during periods
when the distribution structure is static. We point out that,
in a real system, peers may join and leave the system at
any time. Thus, in practice, the distribution tree has to be
dynamically reconstructed, using one of several previously
proposed algorithms [7, 9, 14, 18], in response to changes
in the client set. However, since our goal is to evaluate
system resource requirements and system scalability as a
function of the number of simultaneous clients, we filter
out the issues related to the dynamic behavior of peers and
network nodes, and focus on the resource requirements for
each architecture with a static distribution tree for a given
number of clients.

The main contributions of this paper are:

� An experimental testbed for evaluating alternative
streaming media distribution mechanisms. In addition
to a commercial and publicly available streaming
server (the Apple Darwin Streaming Server [1]), two

key components of this testbed are: (1) a new efficient
and scalable application called streaming servent,
which can act as both client and server, forwarding
packets to other servents in a P2P network and (2) a
workload consisting of three media files with different
duration, average streaming rate and variability in the
bitrate, which stresses different aspects of the system.

� Quantitative measures, obtained experimentally, that
show the scalability of client/server and P2P overlay
architectures. In particular, we quantify the savings
in terms of server and network resources as well as
the improvement in the average loss rate and duration
of loss events if a P2P overlay-based distribution of
streaming media is used instead of the traditional
unicast client/server mechanism for varying number
of clients.

� We use simple analytical formulas (i.e., Little’s
Result [12]) to evaluate the scalability of our servent
application. These analytical results are validated by
the experimental measures collected. Furthermore, we
also show how these simple formulas can be used to
define the distribution tree of a P2P overlay network
given the maximum amount of resources (CPU and
I/O network bandwidth) a peer is willing to dedicate
to content distribution.

The remaining of this paper is organized as follows.
Section 2 presents the related work. Section 3 describes
the experimental testbed, the performance metrics used for
comparing the alternative architectures and the workload.
The experiments are analyzed in Section 4. Finally,
Section 5 presents our conclusions and future work.

2. Related Work

Peer to peer overlay network has been the focus of
several recent studies. In [13, 15], the authors provide a
characterization of the workload and client behavior of
two existing P2P file sharing systems, namely Napster and
Gnutella. Four other studies have investigated the issues
related to implementing a P2P architecture for streaming
media distribution [7, 9, 14, 21].

In [7], the authors propose the SpreadIt architecture
for P2P distribution of live media streams. By using
experimentally collected measures, such as packet delay
and packet loss, as parameters for a system simulator, the
authors evaluate the performance of different strategies for
dynamically rebuilding the P2P distribution tree as clients
join and/or leave the system.

The CoopNet architecture [14], proposed for live and
on-demand streams, relies on the independent distribution
of multiple descriptions of each stream to improve the
media quality received by the clients. The system was
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compared against the traditional client/server approach,
using trace driven simulation. The authors found that
the requirements for server bandwidth are significantly
reduced without placing an unreasonable burden at the
clients. Unlike the CoopNet study, our work analyzes not
only server bandwidth but also server CPU utilization and
packet losses for an actual architecture.

In [9], the authors introduce a P2P media streaming
model for on-demand streams and propose algorithms for
disseminating media data into the system and searching
algorithms for locating peers with required objects. The
architecture was simulated and evaluated under different
client request arrival processes, including constant, flash
crowd, and Poisson arrivals. An algorithm for assigning
media data to each supplying peer taking into account its
out-bound bandwidth is presented in [21]. Like the other
studies, this algorithm was evaluated only by means of
simulation.

Our approach differs from these previous studies in three
key aspects: (1) we experiment with and evaluate a real P2P

architecture instead of a simulator, (2) we evaluate server
and network resources (CPU, bandwidth) consumption as
well as packet losses as a function of the number of clients
in the system, and (3) we evaluate the system during periods
when the client set and the distribution tree is fixed, so that
we are able to assess how the system scales as the number
of simultaneous clients increases.

3. Evaluation Methodology

This section describes the methodology used to
experimentally analyze client/server and P2P overlay
architectures for live media distribution. Section 3.1
describes the experimental setup, the media server
(Section 3.1.1) and the new servent application
(Section 3.1.2). The performance metrics used to evaluate
the two architectures are discussed in Section 3.2. Finally,
Section 3.3 presents the main characteristics of the
workload used in our experiments.

3.1. Experimental Setup

In a client/server architecture, the traditional mechanism
for streaming media distribution in the Internet, an origin
server transmits the content directly to each client, typically
via unicast streaming. This mechanism creates a single
level distribution tree rooted at the origin, as illustrated
in Figure 1. The high demand for server and network
resources, especially bandwidth, limits the scalability of
this centralized approach.

In a peer-to-peer overlay architecture, on the other hand,
the distribution tree, also rooted at the origin, may have
multiple levels as clients may receive the requested content

Client 

Client 

Client Client Client 

Client 

Darwin Streaming Server

Figure 1. Client/Server Architecture

Darwin Streaming Server

Client Client Client Client 

Client Client 

Level 0 

Level 1 

Level 2 

Figure 2. Peer to Peer Overlay Architecture

either directly from the origin or from another client
located at a higher level in the tree. Figure 2 illustrates a
P2P distribution tree with 2 levels. In this decentralized
architecture, the bandwidth requirements are lowered and
the system is expected to have better scalability.

In this paper, we build an experimental testbed to
quantify the resource consumption and, thus, the scalability
of these two architectures for live media distribution. This
testbed consists of seven PCs running Linux Red Hat 7.3
(kernel 2.4.18-3), each with one 750 MHz AMD Duron
processor, 256 MB of RAM, and 514 MB of swap disk,
connected through a dedicated switched Fast Ethernet
LAN. In this testbed, the publicly available Darwin
streaming server, briefly described in Section 3.1.1, is used
as the origin server, running in one of the seven machines.
A new client application, which has also the capability
of forwarding packets to other clients in a P2P network,
is built to generate requests to the server. A number of
this new application, called streaming servent or simply
servent and described in Section 3.1.2, runs in the other
six machines. Throughout the rest of this paper, the terms
client and servent will be used interchangeably.

We evaluate the client/server and P2P overlay
architectures for a varying number of clients. For any given
number of clients, a set of three experiments is performed.
In each experiment, the client (i.e., servent) processes are
homogeneously distributed among all six client machines
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and simultaneously request a given file from Darwin.
The experiment lasts until all data packets have been
transmitted to all clients. For the experiments with the
P2P approach, we consider the two-level distribution tree
shown in Figure 2, which, for any given number of clients,
is statically built at the beginning of each experiment.
In determining the number of clients that are served by
each servent at the intermediate level (level 1 in Figure 2),
we make the reasonable assumption that clients of a P2P

network are willing to dedicate only a small fraction of its
resources to forward content to other clients. Thus, unless
otherwise noted, we assume each servent process, running
on one of the client machines in the intermediate level
of the P2P distribution tree, forwards packets to only two
clients in the lower level.

Note that as the number of levels increase, the savings in
resource consumption are expected to increase, but so is the
number of lost packets observed by the clients at the lower
levels. Thus, we make the compromise of using only two
levels in the distribution tree.

3.1.1. Server: Darwin The Darwin Streaming Server [1]
is an open source event-driven server developed by Apple.
It runs as a set of processes which perform the standard
RTSP, RTP, and RTCP streaming protocols [16, 17]. Darwin
operates either by broadcasting the content to all clients
or by serving it on demand. In the former, the number of
packets sent to each client depends on the time, relative to
the beginning of the broadcast, when the client established
the connection with the server, whereas in the latter every
client request is served with a complete transmission of
the file. In each of our experiments, all client processes
are initiated at (approximately) the same time. However,
the moment on which each client actually starts receiving
data depends on how fast Darwin is able to process
all connection requests. Thus, as we observed in some
preliminary experiments, if Darwin operates in broadcast
mode, the number of packets sent to each client may vary
significantly. Under these circumstances, determining the
number of packets lost in the streams broadcast to the
clients, a key metric for assessing the system scalability,
would require instrumentation of Darwin. In order to
avoid the possible overhead that would be introduced
by this instrumentation, we choose to run Darwin in the
on-demand mode.

3.1.2. Streaming Servent In order to implement and
experiment with a P2P system, we need an application that
can act as both client and server, forwarding packets to other
clients. A few experiments with the previously developed
Python client application [7], which has this capability,
revealed a surprisingly high number of lost packets even
for a single client requesting a video from Darwin. We
also evaluated previously developed proxy servers, such as

the QuickTime Streaming Proxy [1]. However, the high
complexity of such systems, unnecessary to a P2P client
application, and some previously reported performance
problems [8] motivated us to build a new application,
the streaming servent, from scratch. The development
of the servent was driven by efficiency and simplicity.
In particular, since our current goal is to experiment
with distribution of live media content, the servent was
built to act as a packet forwarder and does not store any
content locally. However, the application is highly modular
facilitating future extensions (e.g. caching module).

The servents communicate with each other and with
Darwin using the RTSP, RTP, and RTCP streaming
protocols. Figure 3 shows the messages that are exchanged
between a servent and Darwin for establishing a connection
before the transmission of a new stream is initiated.
The same messages may be exchanged between two
servents. The process is initiated with an interaction of
RTSP messages: the servent sends a RTSP request to
the server, which sends back a stream descriptor (SDP)
with information about the new stream created to deliver
the requested content. After the descriptor is received,
servent and server exchange SETUP messages in order
to allocate RTP/RTCP ports. Finally, the servent sends a
PLAY message to the server, which, then, starts streaming
the content. Content and control packets are exchanged
between both entities using the RTP and RTCP protocols.

SERVENT SETUP, PLAY (RTSP) 

4) AUDIO RTP

4) VIDEO RTP

or

SERVENT

DARWIN

 1) STREAM REQUISITION (RTSP)

2) STREAM DESCRIPTOR (SDP)

3) CONNECTION ESTABLISHMENT

4) RTCP

Figure 3. Messages Exchanged between
Servent and Darwin (or another servent)

As input, each servent process receives the server IP
address and server RTSP port, the name of the file that
it should request from the server and the RTP ports. The
servent runs as three separate threads, implemented using
the C pthread library. The main thread is responsible for
handling new RTSP requests from other servents. Two other
threads are created for receiving packets from the server
and forwarding them to other servents. The display of the
packets received at each servent is done by redirecting them
to a media player, such as the QuickTime player [4].
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3.2. Performance Metrics

The performance metrics used to quantitatively analyze
client/server and P2P overlay architectures can be grouped
into two categories: server-side and servent-side metrics.
The server-side metrics, used to evaluate the resource
requirements at the server machine, are:

� CPU utilization: the time spent by the CPU in either
system or user modes, as a fraction of the total elapsed
time. Both average CPU utilization (i.e., measured
over the whole experiment) and instantaneous CPU
utilization (i.e., measured at each one second interval)
are considered.

� Server bandwidth: instantaneous and average number
of bytes (or packets) transmitted per second.

The servent-side metrics, collected at each servent
machine, are used to assess not only the requirements for
servent resources (i.e, CPU and bandwidth) but also the
media quality perceived by each client. The media quality
perceived by a client is directly related to the number of
packets received or, conversely, the number of packets lost
in a transmission. Media quality is also impacted by the
number of consecutive packets that are lost in each loss
event, or in other words, the “duration” of a loss event.
Therefore, perceived media quality is assessed indirectly,
by measuring the quantities described above.

The servent-side metrics are:

� CPU utilization: measured both at each one-second
interval and aggregated for the whole experiment.

� Servent bandwidth: instantaneous and average
number of bytes (or packets) received and transmitted
per second.

� Observed stream bitrate : instantaneous and average
number of bytes (or packets) received per second.

� Packet loss: instantaneous and average number of
RTP packets lost measured as a fraction of the total
number of packets the client(s) should have received
in a transmission.

� Packet loss duration: distribution of the “duration”
of loss events, measured as the number of consecutive
packets lost in each event.

Statistics related to these metrics are gathered by two
collector tools. One tool runs in each (server and client)
machine and periodically collects data related to CPU
utilization and I/O network bandwidth from the Linux /proc
file system. At each one-second interval, the tool extracts
data from the /proc/stat and /proc/net/dev log files and
generates new statistics. A second collector module runs
as part of the servent application and stores a description
of each packet received and sent by the servent in a log

file. This description includes a sequence number, size, and
timestamp. The log file is post-processed to compute the
number of lost packets and the distribution of packet loss
duration observed by each servent, during each experiment.

3.3. Workload

The workload used in our experiments, summarized
in Table 1, consists of two VBR video files (a video clip
and a trailer) and one audio file (a music), all of them in
MOV format. These files have characteristics that span a
wide range of sizes, durations, average bitrate and, as will
become clear in Section 4, variability in the instantaneous
bitrate. It is important to note that we have carefully chosen
our workload to represent different classes of media objects
that are currently popular in the Internet. Furthermore,
the diversity of the characteristics of the selected files
stresses different aspects of the system operation. Thus,
experimenting with these files allows us to explore different
scenarios that occur in real systems.

Type Frame Size Size Bitrate # of
Rate (MB) (min) (KBytes/s) RTP

Packets
Video 15 60 04:38,16 217,6 44772
Clip
Trailer 30 22 03:31,17 101,9 18311
Music - 8 09:54,13 12,5 6193

Table 1. Workload Description

4. Results

This section provides a quantitative evaluation of the
scalability of P2P overlay and client/server networks for
live media distribution, measured both in terms of the
requirements for server resources (Section 4.1) and in
terms of packet loss (Section 4.2), which directly impacts
the quality of media received by each client. Section 4.3
presents experimentally collected measures of the servent
requirements for CPU and bandwidth as a function of the
number of clients to which they forward packets (i.e., the
servent fan-out). Finally, Section 4.4 shows that simple
analytical formulas can be used to assess the scalability
of the servent and to determine the maximum fan-out of
a servent given the amount of resources it is willing to
dedicate to forward packets to other clients. The results
shown in the following sections are average of three
experiments.
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(c) Video Clip, Client/Server Architecture
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(d) Video Clip, Peer to Peer Architecture

Figure 4. Instantaneous Server CPU Utilization

4.1. Server Load

This section provides results for the server load, in terms
of the requirements for CPU and I/O network bandwidth,
as a function of the number of clients simultaneously
requesting a stream. These results show that, compared
to the traditional client/server solution, both CPU and
network bandwidth utilizations are significantly reduced
if a P2P approach is taken. Furthermore, they also show
that the savings in the requirements for server resources
consistently increase with the number of clients. In other
words, the relative cost to upgrade a media server in
response to an increase in the load is lower if a P2P

approach is adopted.
The instantaneous server CPU utilization measured

at each one-second interval for the duration of each
experiment is shown for the trailer in Figures 4(a)

(client/server architecture) and 4(b) (P2P architecture).
Figures 4(c) and 4(d) show the corresponding graphs
for the video clip. Each graph shows the curves for three
different numbers of clients. The savings in CPU utilization
for the P2P architectures are clear, especially for large
number of clients. In particular, for the video clip, the
instantaneous CPU utilization drops roughly from 75% to
25% for 180 clients.

Figures 4(a) and 4(b) also show a great variability in
the instantaneous CPU utilization for the trailer, reflecting
the variability in the instantaneous stream bitrate. This
variability is due to a large number of scene changes,
with action scenes followed by almost completely black
screens. Note that the same behavior is observed for
different number of clients and for both client/server and
P2P systems, although it tends to be more significant as the
load on the server increases. The video clip has a much
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less variable instantaneous CPU utilization. However, on
average, the CPU utilization for this file is much higher,
because of the higher average bitrate (200kbytes/s). The
music file, not shown in the figures, has a roughly constant
CPU utilization, with a maximum of around 10% for the
client/server architecture with 180 clients. These results
illustrate the diversity of our workload, as discussed in
Section 3.3.

The average CPU utilization as a function of the number
of clients is shown in Figure 5 for the video clip and the
trailer. The curves for the music are omitted as they are
close to 0 for almost every point. Similarly, the I/O network
bandwidth, in Mbits/s, as a function of the total number of
clients is shown in Figure 6 for the three files. All curves
show an approximately linear increase in the requirements
for server resources (CPU and network bandwidth) as the
number of clients increases. However, for any given number
of clients, the requirements for either CPU or network
bandwidth are significantly lower in the P2P system than
in the client/server system. Furthermore, for both metrics,
the relative increase in requirements for server resources is
less significant for the P2P systems than for the client/server
systems. Another way of interpreting these results is that the
cost of upgrading a server for handling a higher number of
clients is lower if a P2P approach is used. As an example,
in a client/server system, a server would have to dedicate,
on average, 15 Mbits/s of its available network bandwidth
to deliver the video clip to 24 clients. If the same system
has to handle simultaneous requests from 120 clients, the
required average server bandwidth increases to 42 Mbits/s,
180% higher for an increase of a factor of five in the load.
In a P2P system, on the other hand, the required average
server bandwidth for delivering the video clip would be only
9Mbits/s for 24 clients and 21 Mbits/s (i.e., 130% higher)
for 120 clients. Thus, in this hypothetical scenario it would
be significantly cheaper to upgrade the server to handle the
new load of 120 clients in a P2P system. Similar scenarios
can be hypothesized for the two other files. These results
quantitatively show the (intuitive) better scalability of the
peer-to-peer approach.

4.2. Packet Loss

This section presents results that show the scalability of
client/server and P2P systems in terms of the quality of
media received by the clients. As discussed in Section 3.2,
we do not measure media quality directly. Instead, we use
the number of packets received (or lost) in a stream as well
as the distribution of the duration of packet loss events as
estimates of the quality of a stream. Recall that the duration
of a loss event is measured as the number of consecutive
packets lost in each loss event. We point out that this
last metric needs special attention, as the impact of bursty
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losses on the quality of a stream can be quite significant.
This section shows only the results for the video clip and
the trailer because practically no packet loss was observed
during the transmission of the music file in the P2P and
client/server systems with up to 84 clients.

Figure 7 shows the percentage of packets received, on
average, by each client, as a function of the number of
clients for client/server and P2P systems, for the trailer
(Figure 7(a)) and for the video clip (Figure 7(b)). Since the
transmission of each file actually occurs in two separate
streams (an audio stream and a video stream), Figure 7
shows the percentage of packets received in each of these
streams separately. As expected, the percentage of packets
received, and consequently the media quality observed
by the clients, decreases with the number of clients. In
other words, the number of lost packets increases with the
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load on the server and in the network. However, Figure 7
also shows that the P2P approach results in significantly
higher percentages of received packets. As an example,
considering the distribution of the video clip for 12
clients, the average percentage of packets received by each
client in a P2P system is 88% (video packets) and 95%
(audio packets) whereas the corresponding percentages
for each client in a client/server system are only 56% and
70%, respectively. Furthermore, as the number of clients
increases, the number of packets received in either video
stream or audio stream decreases much more slowly in a
P2P system than in a client/server system. These two results
emphasize the better scalability of P2P systems.

It is also interesting to point out that, due to the higher
average bitrate, the percentage of packets received is
smaller for the video clip than for the trailer, for any
fixed number of clients. Furthermore, note that, perhaps
surprisingly, the number of lost packets is significant,
especially for client/server systems, even for relatively
small number of clients. In an attempt to understand why
this is the case, we analyzed a series of experiments using
tcpdump [5] and verified that, in those cases, many packets
are not transmitted by the server. This is true for both files.
We conjecture that internal Darwin algorithms, such as
the thinning algorithm, which drops packets if the packet
transmission is running behind the schedule, are (at least
partially) responsible for the large number of lost packets.

Figure 8 shows the instantaneous stream bitrate received
by each client, averaged over all clients and measured at
one-second intervals for the duration of each experiment
with the trailer. It shows curves for P2P and client/server
systems with two different numbers of clients. It also shows
the instantaneous stream bitrate for only one client, which
corresponds to the instantaneous bitrate of the file, since
no packet is lost during the experiments with one client.
Note that the curves for one client and for six clients (P2P

and client/server) practically overlap. This graph provides
another view of the better scalability of P2P systems. For
any given number of clients, P2P systems can sustain
a stream bitrate that is much closer to the original file
bitrate, not only on average, as shown in Figure 7, but also
throughout the transmission of the file. This is especially
true for large number of clients.

Figure 8 also shows the high variability in the
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(b) Trailer, 60 clients
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(c) Video Clip, 12 clients
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Figure 9. Histogram of Loss Duration

instantaneous bitrate of the trailer, consistently with
the discussion in Section 4.1. In particular, note that
after approximately 75 seconds from the start of the
transmission, the file bitrate decreases significantly.
Visually, this corresponds to a very dark screen with very
few elements in the video and almost no sound. Both P2P

and client/server systems are able to deliver almost all
packets corresponding to that scene even for large number
of clients. The file bitrate increases again after a few
seconds.

Figure 9 shows the histograms of the “duration” of
packet loss events, observed, on average, by each client.
It shows the histograms for the trailer (Figures 9(a) and
9(b)) and for the video clip (Figures 9(c) and 9(d)). For
each file, the histograms for 12 and 60 clients, for both P2P

and client/server architectures, are provided. Note that the
distribution of loss duration for the trailer, which has lower

stream bitrate is more skewed towards a fewer number
of consecutive packets. The graphs show that the average
number of loss events of any given duration increases with
the number of clients. Furthermore, in some cases, the
distribution of loss durations for P2P systems seems more
skewed towards smaller number of consecutive packets,
suggesting a better expected media quality observed by the
clients. As an example, in Figure 9(b), even though the
average number of loss events with up to 9 consecutive
packets is higher for P2P than for client/server systems,
the average loss duration in the P2P system is just 3.8
consecutive packets, compared to 4.6 consecutive packets
in the client/server system.

Table 2 summarizes the data in the histograms of
Figure 9. It shows the average number and average
duration of loss events, observed by each client, for each
configuration. Note that, compared to the client/server
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File Client/Server Peer to Peer
12 clients 60 clients 12 clients 60 clients

Avg. Number Avg. Loss Avg. Number Avg. Loss Avg. Number Avg. Loss Avg. Number Avg. Loss
of Loss Events Duration of Loss Events Duration of Loss Events Duration of Loss Events Duration

Trailer 862 3.8 1024 4.6 107 4.2 1412 3.8
Video 3973 4.6 6467 5.0 721 4.1 5017 5.0
Clip

Table 2. Average Number and Duration of Loss Events Observed by Each Client

 0
 10
 20
 30
 40
 50
 60
 70
 80
 90

 100

 10  20  30  40  50  60  70  80  90

C
P

U
 U

til
iz

at
io

n 
(%

)

Number of Clients

Video Clip − Analytical
Video Clip − Measured

Trailer − Analytical
Trailer − Measured

Figure 10. Servent CPU Utilization as a
Function of the Number of Clients

approaches, either the average loss duration or the average
number of loss events is shorter for the P2P systems with
corresponding workload. Thus, overall, the P2P systems are
expected to deliver streams with significantly better quality
to their clients.

4.3. Servent Load

Given the possibly high requirements for CPU and,
especially, I/O network bandwidth for transmitting
streaming media content, a client may not feel motivated to
forward content to other clients, jeopardizing the efficiency
of P2P systems. In this section, we evaluate the load
imposed on each servent as a function of the number of
clients it forwards packets to, i.e., the number of clients that
are directly connected to it in the P2P distribution tree. For
this analysis, we run a new set of experiments with a single
servent process running in one machine, receiving packets
directly from Darwin and forwarding them to a varying
number of clients, placed in the other five machines.

Figures 10 and 11 show the servent CPU utilization
and output network bandwidth, respectively, as a function
of the number of clients, respectively, for the three files.
The curve for CPU utilization for the music file is omitted
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Figure 11. Servent Output Network
Bandwidth as a Function of the Number
of Clients

because it is very close to 0 across all number of clients
considered. The “measured” curves contain the results of
the new experiments. The curves labeled “analytical” will
be discussed in the next section. The figures show that
both CPU utilization and output network bandwidth grow
(approximately) linearly with the number of clients and
depend heavily on the bitrate of the file being transmitted.
CPU utilization remains below 10% for up to 10 clients for
the video clip and 18 clients for the trailer. Thus only a tiny
fraction of the servent CPU time is required for forwarding
packets to a small number of clients, say 2-5 clients, which
is the servent fan-out that we expect to find in real P2P

streaming media systems. These results, combined with
the results on packet loss, discussed in Section 4.2, show
that if a client can dedicate enough network bandwidth to
serve at least a couple of other clients, the expected benefits
(i.e., smaller number of lost packets and, thus, better
expected media quality) should serve as a strong incentive
for participating in P2P distribution systems, because the
impact on the client’s CPU time is minimal.
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4.4. Estimating Maximum Fan-out of a Servent

The curves labeled “analytical” in Figures 10 and 11
show the expected servent CPU utilization and output
network bandwidth, calculated using simple analytical
formulas. More precisely, we use Little’s Result [12] to
calculate the average servent CPU utilization. Since each
file is transmitted in two separate streams (an audio stream
and a video stream), which have different packet size and
packet rate, we apply Little’s result separately to calculate
the average CPU utilization required to process each
stream, as follows:

������������� � ������ � ����������

�����	
������ � �	
��� � �	
������� (1)

where ������ is the average file video packet rate,
��������� the average CPU time spent by the servent
processing each video packet and ���
��������� is the
required average servent CPU utilization, given that it
forwards packets to � clients. The values of �	
���,
�	
������ and �����	
������ are the corresponding
measures for the audio stream. The average packet rates
������ and �	
���, specific of each file, and the values
of ��������� and �	
������ are obtained from the data
stored in the log file created by the servent during each
experiment. The values of ������ and �	
��� are 81.2 and
5.4 packets/second, respectively, for the trailer and 150.62
and 10.14 packets/second for the videoclip.

The overall average servent CPU utilization, ���� ���,
required for forwarding packets to � clients, can be
calculated as:

���� ��� �
������ � �������������

������� � �	
����
�

�
�	
��� � �����	
������

������� � �	
����
� (2)

Note that the curves for CPU utilization, calculated by
Equation (3) and shown in Figure 10, follow the behavior
of the measured values very closely. Furthermore, the
analytical curves are roughly straight lines, especially in
the region where we expect a servent to operate (i.e., small
number of clients). Thus, Equations (1) can be rewritten as:

������������� � ������ � ��������� � ��

�����	
������ � �	
��� � �	
������ � �� (3)

where ��������� and �	
������ are the processing time
required to forward a video packet and a audio packet,
respectively, to a single client.

The servent output network bandwidth required to
forward packets to � clients can also be analytically
estimated as:

�� � � � �� (4)

where � is the file bitrate. As shown in Figure 11,
like the servent CPU utilization, the servent output
network bandwidth can also be analytically estimated with
reasonable accuracy.

We can use Equations (2), (3) and (4) to estimate the
maximum fan-out � of a servent (i.e., maximum number
of clients directly connected to it in the P2P system),
given the amount of resources it is willing to dedicate to
forward packets of a given file. Given ������, �	
��� and
�, characteristics of the file, ��������� and �	
������, the
CPU time the servent machine requires to process each file
video and audio packet, respectively, and given that the
servent can only dedicate up to ���� of its CPU time and
�
� of its output network bandwidth, � can be estimated
as:

� � 	
����������� ���� �
���� (5)

Equation (5) can be used to guide the construction and
to evaluate characteristics of a P2P distribution tree. For
instance, assuming � homogeneous clients, i.e., clients with
the same maximum fan-out � , calculated by (5), a lower-
bound on the number � of levels in the P2P distribution tree
built with these clients can be calculated as follows 1:

� �

��

���

� �

� � ����� � � ���� � ��

� ���� � �� � ���
� ��

�� � � � �� � ���� � �

� � ���� �� � �� � ���� � ��

The number of levels in a distribution tree is key to
assess the expected delay and loss observed by the clients,
especially those in the lower levels. As an example, we can
apply Equation (5) to determine the minimum number of
levels a P2P distribution tree would have for distributing
one of the three files used in this paper (say, the music
file) to 1000 clients, assuming that a client can dedicate
up to 1 Mbps of its output network bandwidth for content
distribution. Figure 11 shows that such client can forward
packets of the music file to up to approximately 10 clients.
Since CPU utilization is minimal, the maximum client fan-
out � is equal to 10. Applying �= 10 and � = 1000 in
Equation (5) would give that the minimum number of levels
in the P2P tree is 3. Thus, one could expect that some of the
clients would observe a delay and loss equivalent to at least
three hops in the tree.

We plan to further explore the application of Equation
(5), especially together with algorithms for dynamically
building the P2P distribution tree in the future.

1 For the sake of simplicity, we also assume � clients at the first level
of the tree, i.e., � clients receiving content directly from the server.
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5. Conclusions and Future Work

Scalability is arising as a key issue for effective
distribution of live streaming media content. One strategy
for improving the scalability is to distribute the stream
employing a P2P overlay network, where each client may
also act as a server (being called a servent in this case),
providing content to other clients. This work presents an
experimental quantitative analysis of the aforementioned
strategy as well as analytical models, comparing the P2P

approach against the traditional client/server approach
where all clients request the stream directly from a single
server.

The experimental results show that the P2P

strategy results in significant reduction on server-side
demands, namely computation resources and bandwidth.
Furthermore, it also reduces the demand increase rate as the
number of clients increases, making the proposed approach
more cost effective when providers evaluate upgrades and
infrastructure enhancements. Significant gains are also
observed when we evaluate the packet loss associated with
each strategy, which is much smaller for the P2P-based
strategy. On the servent-side, the requirements in terms
of computational resources are not significant, mainly
when the number of clients served is small. Finally, the
bandwidth requirements grow linearly with the number of
clients, indicating the P2P strategy as being both scalable
and cost-effective.

We also present an analytical model that allows us to
derive the best fan-out for each servent, showing that the
P2P strategy is applicable to wide range of scenarios of
computing platforms and connectivity.

We intend to extend this work by evaluating the
benefits in actual network configurations and designing and
evaluating resource discovery and allocation algorithms
applied to the streaming distribution problem in P2P

architectures.
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