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Abstract

Together with the wide spread of network devices with broadband access, streaming has become more 

and more popular as the favorite mechanism for broadcasting real-time events to a large number of 

users.  The  traditional  approaches  to  live  streaming  include  IP  multicast  and  client-server  based 

streaming.  Of  them,  IP  multicast  is  not  globally  deployed  while  client-server  streaming  implies 

expensive bandwidth provision at the servers. Therefore, recently a lot of researches have been focused 

on peer-to-peer streaming solutions due to theirs ease of deployment, cost-effectiveness and scalability.

In this thesis, we first describe and implement a novel algorithm which addresses the peer churn issue 

in live peer-to-peer streaming system. This algorithm changes the playback delay in order to keep the 

average  loss  rate  within  predefined  values.  The  correctness  of  the  algorithm  as  well  as  our 

implementation is then confirmed through experiments on PlanetLab.

The second contribution of this thesis is an implementation of the current state of the art peer-to-peer 

streaming approach, Coolstreaming+, for future evaluations and improvements. The implementation is 

then validated through the relation between loss rate and playback delay as well as between loss rate 

and number of sub-streams.
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1. Introduction

Nowadays, together with the advance in communication technology and the explosion of video 

contents in the Internet, streaming[1] has become more and more popular as the favorite mechanism for 

video content delivery. Previously, without streaming the users have to download and store the whole 

file in their machine in order to enjoy a video file. With streaming this is no longer a requirement. Now 

the users can watch the file on the fly while it is being downloaded.

Streaming is achieved through the division of video data into packets and send them one by one to the 

receiver. Therefore, the receiver can play out the video data contained in the packets as soon as he 

receives them. For a smooth video playback the packets must arrive at the receiver side before their 

playback deadlines. However, in best-effort networks like the Internet, due to the variations in network 

conditions the delay that each packet  experiences  is  different.  In order to  deal with it,  a buffer is 

introduced at the receiver side. With buffer, the playback does not start until the number of packets in 

buffer reaches a predefined value. Therefore, the variations in network delay are absorbed. On the other 

hand, using buffer also has its disadvantage. It introduces additional delay to the playback delay (i.e. 

the delay between the time the video datum is generated at the server and the time it is played out at the 

receiver's computer) which is perceived by the users.

Streaming can be applied to both stored content and live content which are respectively called on-

demand streaming and live streaming. In on-demand streaming, the user knows in advance how long 

the video or the music will be and can choose the starting point. In addition, during playback time the 

user  can perform fast  forward or  rewind action.  None of these capabilities  are available with live 

streaming. The user in live streaming can only play the media data which are being currently generated 

by the server without the ability to forward or rewind the playback. Therefore, live streaming is mainly 

used  for  real  time  applications  such  as  distance  learning  or  live  broadcasting.  In  these  kinds  of 

applications, playback delay is an important characteristic.

Traditionally, the main approaches to streaming include IP multicast and client-server model. Of them, 

IP multicast is the most effective one. However, because of the difficulties in deployment, network 

management, group management and security, it is not widely deployed in the Internet and is mainly 

used to stream contents within ISPs [2][4][5][6]. The other solution, client-server model, on other hand 

does not have problem with deploying but has issue over scalability and often implies expensiveness. It 

is  due to the requirement in  server's  resources  for  large scale  system. Therefore,  recently a  lot  of 

attention has been given to peer-to-peer streaming, a newly emerged solution. In this solution, the users 

or peers do not only receive data but also contribute their resources to data dissemination. As a result, it 

is much cheaper and potentially more scalable compared to the client-server model.

1.1. Problem statement

A challenge with all peer-to-peer systems and thus with peer-to-peer streaming as well is peer churn 

(i.e. dynamic peer departures and arrivals). In live peer-to-peer streaming, it is even more serious due to 

a phenomenon called flash crowd where a huge number of users joins the stream within a short interval  

just before the live event starts. These users normally stay for the whole duration of the event and leave 

the stream almost concurrently at the end of the event [35]. Study from [36] shows that in order to  

maintain the same loss rate  (i.e.  the ratio  of video data that are not successfully played back)  the 

playback delay needs to be increased proportionally to the increase in the overlay size. This demand 
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together  with the desire  of a  low playback delay require a  mechanism to dynamically change the 

playback delay according to the size of peer-to-peer system. In this thesis, we address this requirement 

through the description, implementation and evaluation of a novel playback delay adaptation algorithm. 

The algorithm uses playout adaptation [19][28] to dynamically adjust the playback delay at the peers in 

order to keep the loss rate of video data within predefined values.

Along with the implementation of the playback delay adaptation algorithm, we also aim to implement 

the current state of the art peer-to-peer streaming approach, Coolstreaming+, for future evaluations and 

improvements. 

1.2. Methodology

The thesis is first started with literature study in which various approaches to streaming as well as to 

peer-to-peer streaming are examined. Besides that, the detail knowledge about Coolstreaming+ and 

playback delay adaptation algorithm is also gathered in this phase. 

After literature study, a testbed for evaluating Coolstreaming+ and playback delay adaptation algorithm 

implementations  on  PlanetLab  is  built.  This  includes  setting  the  computers  on  PlanetLab  for  the 

execution  of  Java  application  as  well  as  testing  and  fixing  a  peer-to-peer  streaming  evaluation 

framework for use in PlanetLab. The testing and fixing of the framework are necessary because the 

framework was developed and tested in LAN environment where the network delay is short and the 

computers are stable. Neither of them are true with PlanetLab. 

When the building of the testbed is finished, the implementation phase starts. The Coolstreaming+ is 

implemented first and then the playback delay adaptation algorithm. Each implementation consists of 

designing, coding, testing and debugging. For each version of code, it is tested and debugged on the 

LAN environment first  before being tested and debugged on PlanetLab.  The debugging process is 

based on the peer logs.

Finally, when there is no more logical error and execution error found with the code, the evaluations 

with Coolstreaming+ and playback delay adaptation algorithm are carried out on PlanetLab. After each 

evaluation, the results are analyzed. 

1.3. Thesis structure

The  thesis  is  composed  of  five  chapters  which  are  Introduction,  Background,  Coolstreaming+ 

implementation, Playout adaptation implementation, Evaluation, and Conclusion and future work. After 

this chapter, in Chapter 2 we present different streaming approaches as well as various peer-to-peer 

streaming solutions. The framework for peer-to-peer streaming evaluation is also given in this chapter. 

Following is Chapter 3 in which Coolstreaming+ and its implementation are outlined. Afterward, in 

Chapter 4 we describe the playback delay adaptation algorithm along with its implementation. The 

evaluations of Coolstreaming+ and the playback delay adaptation algorithm are presented in chapter 5. 

Finally, the conclusion and future work are given in chapter 6. 
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2. Background

2.1. Streaming approaches

In  this  section,  we  will  examine  different  solutions  for  streaming  to  see  the  advantages  and 

disadvantages of each solution as well as the challenges that peer-to-peer streaming is facing. 

2.1.1. Client-server

In client-server paradigm, the user which is called client connects to the server to receive content data. 

In its traditional form, a server or a group of servers serve all clients from all over the world. Because 

of the constraint in server's resources, the number of clients it can serve is limited which implies the 

limitation in scalability of this approach.

An improvement to the client-server approach is the use of Content Distribution Networks or Content 

Delivery Networks (CDN) [7][8][9]. The CDN consists of hundreds of servers placed at the network 

edges throughout the Internet. These servers are called surrogate servers which cache the content of the 

origin servers. With CDN, the distribution of video stream consists of two phases. First, the stream data 

are generated at origin servers and transmitted to surrogate servers. Then the surrogate servers serve the 

stream to the clients. In order to reduce the delay and packet losses, when a client requests a video 

stream, the  best  server  to  serve  it  is  determined.  After  that,  the client  is  redirected to  that  server. 

Typically, the best server is the nearest server to the client. For client redirection, a mechanism based 

on the DNS is used. The abstraction of CDN is shown in Figure 2.

The advantage of CDN is that by placing the servers closer the clients, the overall network traffic is  

lower while the service quality is higher. However, it incurs high cost for deployment and maintenance. 

Besides that the scalability problem is still not resolved completely. Growing in the number of clients 

still requires more servers to be deployed. 
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2.1.2. IP multicast

IP multicast is an efficient way of sending data to multiple receivers in the Internet[3]. In IP multicast, 

the sender only needs to send one copy of the data. The data are then duplicated by the routers in the  

network when necessary to deliver it to all receivers. Therefore, it is very efficient in terms of network 

traffic and sender load. However, this approach places higher processing load on the routers because 

they have to  run multicast  protocols  such as  IGMP (Internet  Group Management  Protocol  ),  PIM 

(Protocol  Independent  Multicast),  MSDP  (Multicast  Source  Discovery  Protocol)  and  MBGP 

(Multiprotocol BGP) as well as process the multicast data. IP multicast is illustrated in Figure 2.

In order to identify the receivers of an IP multicast packet, a class D IP address, which is named IP 

multicast  address,  is  used.  Each  group  of  users  that  are  interested  in  receiving  a  data  stream is  

associated with a IP multicast address and is referred to as multicast group. A packet sent to the group 

IP multicast address will be delivered to all group members. To become a multicast group member, the 

user is required to send an IGMP message to its attached multicast router. This edge router through the 

multicast routing protocol will cooperate with other routers in the network to build the multicast tree(s) 

for the group. This tree(s) will be used to route the multicast packets from the sender to all receivers. 

Depending on the multicast routing protocol, two types of tree can be constructed, group-shared tree 

and source-based tree. If the multicast tree is group-shared tree, only one tree exists for the whole 

group and is shared by all group senders. If it is the source-based tree, for each sender one multicast 

tree is built.

Despite its advantages, IP multicast is not widely deployed in the Internet due to several reasons. The 
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first one is the complexity of its protocol architecture which makes its deployment difficult especially 

in case of interdomain multicast[2]. The next obstacles lie in multicast network management, group 

management and security[2][5][6]. The final difficulties are the problem of group state maintenance 

and the challenge of high level feature implementation[4]. Therefore, currently IP multicast is mostly 

implemented in proprietary networks, research networks or within ISP.

2.1.3. Peer-to-peer streaming

Unlike the client-server model where only the server is responsible for streaming the content, in peer-

to-peer streaming model the receivers also participate in data dissemination. In this approach, each 

receiver, which is called a peer, plays the roles of both client and server. Normally, a peer has many 

connections. The connection can be to the server or to other peers. These logical connections together 

with the server and the receivers form an overlay network. From the server, the data are served to the 

peers that have connections with it. These peers in turn will serve the received data to other peers which 

have connections with them. In this way, the content is spread to all peers in the overlay. Because only 

a small number of peers in the system have connection with the server, the stream is mainly broadcast 

by using the peers'  resources.  This helps to relieve the bandwidth requirement of the server.  As a 

consequence, compared to client server model, peer-to-peer streaming is much cheaper for the content 

providers. It is also more scalable because as the size of the system increases, its total resources also 

grow. The idea of peer-to-peer system is demonstrated in Figure 3. 
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There are a lot of challenges associated with peer-to-peer streaming. Firstly, the end to end delay of 

peers that are far from the server in the overlay network are high [14]. It is because the content does not 

travel directly from the source to these peers but via other intermediate peers. Even worse, at the these 

peers  the  stream  is  processed  and  forwarded  at  application  layer  which  takes  much  more  time 

comparing to the network layer at routers. The second problem is peer churn. In peer-to-peer network, 

peers can join and leave the network at any time. Thus, if a peer suddenly departs while serving the  

content to other peers, these served peers will suffer a period of no incoming data. As a result, they 

experience temporary decrease in video quality or temporary disruption. The last issue is bandwidth 

utilization which is the ratio of the upload bandwidth used by the system over the total available upload 

bandwidth. It relates to the maximum streaming rate that a peer-to-peer streaming system can support. 

Assuming all peers have large download bandwidth, in theory a peer-to-peer streaming system should 

be able to support streaming at a rate up to the aggregate upload bandwidth divided by the number of  

peers. 
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2.2. Peer-to-peer streaming

In peer-to-peer streaming, the video data are divided into blocks called chunks and disseminated to all 

peers. Each chunk contains the video content corresponding to a small time interval and is associated 

with a number which presents its order in the playback. Because of the system dynamic as well as the 

variation in network delay and in the transmission path, the chunk interarrival times and the arrival 

order may vary. Therefore, at each peer a chunk buffer of several video minutes is used. Upon arriving, 

the data blocks are first stored in the buffer and placed in the correct order. They are then passed to the  

video player when their playback time comes. When a chunk is in the buffer, the peer can upload it to 

its neighbors.

In this section, we present the most prominent peer-to-peer streaming architectures used for streaming. 

Generally,  a  peer-to-peer  streaming  system  is  composed  of  two  parts:  overlay  construction  and 

maintenance,  and  data  forwarding.  The  overlay  can  be  tree-based  or  mesh-based  while  the  data 

forwarding can be push-based, pull-based or pull-push hybrid. The combination of variations in overlay 

and data forwarding results in different peer-to-peer streaming approaches.

2.2.1. Tree-based systems

Similar to the multicast tree formed by the routers in IP multicast, in tree-based streaming, participating 

peers are organized into multicast tree(s) with the root being the source of the stream. Each peer in the 

tree receives the data from its parent and actively pushes the data to each of its children. The multicast 

tree can be built and maintained by either a centralized [13][16] or a distributed algorithm [14][15]. 

The challenge of the tree-based system relies on how to design the multicast tree(s) that addresses the 

problems of the peer-to-peer streaming system. In order to be churn resilient, the tree should be able to 

detect and reattach the sub-tree rooted at the failed or departed peer to the system tree within a short  

time. To have the shortest end to end delay, the tree height should be minimal. This means that each 

peer should have as many children as its upload bandwidth can support. It also implies that the high 

upload bandwidth peers should be placed near the source [11]. 

2.2.1.1. Single-tree-based systems

In the simplest form only one tree is constructed and maintained to disseminate the whole stream as 

illustrated in Figure 4. Some examples of this type includes SpreadIt[13],  ZIGZAG[14] and NICE[15]. 

Although this approach is simple, it has a lot of drawbacks. First, its bandwidth utilization is poor. It is 

due to that all leaf peers, which constitute a large number of peers in the system, do not contribute to  

content distribution. Second, this type of system is particularly susceptible to churn. Because there is 

only one path for the data to flow from the server to each peer, the failure or departure of one peer will 

affect all of its descendants. Third, it is prone to error propagation due to packet loss at a level of the 

tree. It is a serious problem with peers that are far from the server since losses are accumulated. In 

order to improve the resilience to losses of a peer-to-peer streaming system, retransmission together 

with channel coding could be used as discussed in [11][36].
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2.2.1.2. Multiple-tree-based systems

The disadvantages of single multicast tree can be alleviated significantly by using multiple multicast 

trees. In multiple-tree-based streaming, several multicast trees are built and maintained. The peer has 

different parent for each tree in an effort  to create disjoint paths from the source to all  the peers. 

Besides that,  the stream from the source will be divided into sub-streams (or slices) and delivered 

through different trees,  one for each sub-stream. Thus, to receive the whole stream, a peer should 

participate in all multicast trees. Figure 5 shows a multiple tree system with two disjoint trees. The first  

tree has node 0, node 1 and node 2 as parent nodes while parent nodes of the second tree are node 3, 

node 4 and node 5.

The design of multiple-tree-based systems is more complex than the one of single-tree-based system 

and requires more control messages for tree maintenance. However, it makes the multiple tree system 

more  robust  to  churn  and more  efficient  in  upload bandwidth  utilization.  Due to  the  existence  of 

multiple paths for data dissemination, the failure or departure of one peer only affects one multicast tree 

and therefore,  one sub-stream.  The other  sub-streams are  still  available  through other  trees.  Thus, 

service  disruption  will  not  likely  happen  but  decrease  in  the  quality  may  occur.  Effects  of  peer 

departures  can  be  alleviated  at  the  cost  of  adding redundancy to  the  data  stream [11].  Regarding 

bandwidth utilization, it is improved since almost all peers in the system are parent nodes, they will  

contribute their upload bandwidth to the system. Besides that, dividing the stream into multiple slices 

allows the peers with low upload bandwidth to participate in the data dissemination. Furthermore, if the 

stream is encoded with MDC (multiple description coding) [32], multiple-tree-based system permits 

peers with low download bandwidth enjoying the video with quality as high as its download bandwidth 
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allows.  Some  well  known  examples  of  multiple-tree-based  system  are  CoopNet[16]  and 

SplitStream[17]. 

2.2.2. Mesh-based system

Unlike  tree-based systems in  which tree  structures  are  constructed and maintained,  in  mesh-based 

systems no specific type of overlay network is constructed. Peers dynamically establish and terminate 

connection  with  other  peers  in  the  system called  neighbors.  In  this  way,  an  unstructured  overlay 

network is built. An example of the mesh-based system is shown in Figure 6.
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Because there is no specific spanning tree built for data distribution, mesh-based streaming relies on a 

mechanism which resembles gossiping to disseminate chunks. In this mechanism, the neighbor peers in 

the system periodically exchange the information about chunk availability with each others. Based on 

this information the chunks are exchanged between them. As a result chunks are spread all over the 

overlay network. The use of gossip-based mechanism together with the high number of neighbors make 

mesh-based system highly resilient to churn since the chunk can travel to one peer through any of its 

neighbors. However, gossip-based dissemination also has its drawbacks. Now before each chunk or 

group of chunk transmissions, the peers need to exchange the control messages for chunk availability 

and probably the messages to specify which chunks to transmit. This significantly increases the control 

bandwidth as well as the delay. 

Two main components of a mesh-based system are overlay management and data scheduling. They are 

run  at  each  peer  in  the  system and correspondingly responsible  for  overlay construction  and data 

exchanging. In the remaining of this section, we examine each component in turn.

2.2.2.1. Overlay management

In mesh-based system, the overlay management runs locally at each peer with the responsibility of 

establishing and maintaining a large enough number of connections to neighbors. When a peer joins the 

system, it connects to the bootstrap node to request a list of nodes in the system that it can connect to.  

Upon receiving the  request,  the bootstrap  node replies  with a  list  of  nodes  currently being in  the 

system. The nodes in the list can be chosen randomly or with criterion such as the physical location 

based on IP address. This list is then kept at the peer and called member list. From it, the peer chooses 

some nodes to make connections with. If the connection is established successfully, two peers become 

neighbors. 

During the streaming session, a peer in a mesh-based system constantly needs to establish connections 

with new neighbors due to neighbor departures or in order to look for neighbors with better capability 

in data providing. This requirement demands each peer to have knowledge of nodes currently in the 

system which translates into an updated member list. It could be addressed by several ways. In the 

simplest  form,  whenever  nodes  in  the  member  list  have been used up,  the peer  contacts  with the 
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bootstrap node to get a new list.  Another way for peer to update its member list is to periodically 

exchange the member list with its neighbors. Therefore, a peer can refresh its member list with nodes 

from neighbors' member lists. This approach requires peers to frequently send heartbeat messages to all 

of its neighbors to announce its existence. Thus, the departures or failure of a peer can be detected and 

reflected in its neighbors' member lists.

The design of an overlay management needs to deal with several questions. They include the criteria to 

choose  neighbors,  the  number  of  neighbors  a  peer  should  have,  when  to  drop  a  connection,  etc. 

Different  systems  take  different  approaches  to  these  questions.  MeshTV [21]  and  MeshCast  [22] 

suggest to choose the nearest nodes to form links and maintain two sets of neighbors. One for the 

neighbors that send data to it (i.e. the senders) and one for the neighbors that get data from it (i.e. the 

receivers).  The number  of  senders  for  all  nodes  is  the  same and predefined while  the  number  of 

receivers is  proportional  to the upload bandwidth of a peer.  Periodically,  the sender  with the least 

number of forward chunks is replaced. GridMedia [24] also proposes to make new links with near 

peers but the decision whether to drop a link is based on the ratio of received packets and sent packets. 

In CoolStreaming/DONet [20], a new neighbor is chosen randomly whereas the criteria for link drop is 

based  on  the  number  of  received  or  sent  packets  per  unit  time.  Coolstreaming+  is  similar  to 

CoolStreaming/DONet  in  choosing  new  neighbors  but  the  neighbor  dropping  is  based  on  data 

availability [25].

2.2.2.2. Data Scheduling

As mentioned before, data exchange between peers in mesh-based systems relies on the information 

about data availability at each peer. Therefore, for chunk dissemination, a peer in a mesh-based system 

is required to regularly inform its neighbors about chunks in its buffer. This is achieved through the 

broadcasting of a peer buffer map, which represents chunk availability using chunk sequence numbers. 

When a peer has received all buffer maps from neighbors, it needs to decide which chunks it should 

forward  to  or  fetch  from  which  neighbors.  That  decision  is  made  through  the  running  of  data 

scheduling  algorithm.  In  mesh-based  streaming,  it  is  a  challenge  to  design  a  good  scheduler.  A 

scheduler should be able to utilize all the upload capacity of peers for chunk dissemination. Besides 

that, it should be also capable of delivering chunks to each peer before their playback deadline. If the 

previous requirement is not possible due to bandwidth limitation or system dynamic, the number of 

missing deadline chunks should be minimal. The scheduler of a mesh-based system can be one of three 

types: push, pull or pull-push hybrid. 

In push scheduler, the peer actively forwards its chunks to the neighbors who currently do not have 

these chunks. Under push scheduler, the neighbor that is missing at least one chunk in the peer buffer is 

called eligible neighbor. The chunk which a peer has but at least one neighbor is missing is called 

eligible  chunk.  Both  the  eligible  chunks  and  eligible  neighbors  can  be  determined  by comparing 

neighbors' buffer maps with peer buffer. The process of determining which chunk should be forwarded 

to which neighbor can be carried out in two ways. One way is to choose the eligible neighbor first and 

then select the eligible chunk with respect to that neighbor. The other way is to choose the eligible 

chunk first and then select the eligible neighbor with respect to that chunk. Regarding eligible chunk 

and neighbor selections, several strategies can be used. With neighbor, it can be selected randomly or 

chosen to  be the most-deprived one.  Most-deprived neighbor is  the neighbor that needs data most 

which is determined from neighbor buffer maps. With chunk, it can be random missing chunk or latest 

useful  chunks  (i.e.  the  missing  chunks  with  largest  sequence  number).  The  combination  of  these 

strategies together with the way the determination process is carried out results in a large number of 
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push schedulers. One of them is DP/RU (Deprived Peer / Random Useful) in which the most-deprived 

eligible neighbor is chosen first then a random eligible chunk for that neighbor is selected [23][33][34]. 

A variation of DP/RU is DP/LU (Deprived Peer /  Latest  Useful) in which the same determination 

process and the same strategy for selecting neighbor is applied but the latest useful chunk is chosen 

[23][34].  Other push schedulers include LU/RP (Latest Useful/  Random Peer) and LU/DP ( Latest 

Useful/ Deprived Peer) [37] where the eligible chunk is selected first and then the eligible neighbor.  

The main problem with the push scheduler is  duplicated chunk transmissions due to the imperfect 

information at the peers . 

To  avoid  redundancy  in  chunk  transmission  caused  by  the  senders  as  in  push  schedulers,  pull 

schedulers are proposed [20][23][24]. In pull schedulers after receiving neighbor buffer maps the peer 

decides which of its missing chunks will be fetched from which neighbors. With pull scheduler, the 

concepts of eligible neighbor and eligible chunk are changed. Now the eligible neighbor is the neighbor 

that has at least one of peer's missing chunks while the eligible chunk is the peer's missing chunk that at 

least  one of  its  neighbor has.  With the new concepts,  the determination process  together  with the 

neighbor and chunk selection strategies are similar to the push scheduler with the exception of most 

deprived neighbor strategy. It is not used in pull scheduler. After the decisions on neighbors and chunks 

have been made, the peer sends requests for the missing chunks to the corresponding neighbors. These 

neighbors upon receive the requests will forward these chunks to the peer. Because for each missing 

chunks the peer only chooses one neighbors to request from, the duplication in chunk transmission 

associated with push scheduler is eliminated.  However, pull  scheduler also has its drawbacks. One 

drawback is the number of chunk requests from neighbors can outweigh the number of requests the 

peer can serve. The other one is compare to push scheduler, pull scheduler has higher control overhead 

and delay due to the explicit chunk requests.

In order to address the high overhead and delay of pull scheduler, the pull-push hybrid data scheduling 

is proposed. In pull-push scheduler, the stream is divided into multiple sub-streams. At first, a pull-push 

scheduler works like the pull-based schedulers. For each sub-stream the peer chooses a neighbor that 

will provide it sub-stream chunks and sends request for first sub-stream chunk to it. The neighbor upon 

accepting the request will use the push mechanism to forward data. Every time a new sub-stream chunk 

arrives  at  the  sender,  it  will  be  immediately  pushed  to  the  receiver  without  any  further  request.  

Therefore  the  control  overhead and the  delay are  significantly reduced.  During the  time  the  push 

mechanism is in used, the pull mechanism might be occasionally utilized to fetch chunks that do not 

arrive in time. The challenges in pull-push schedulers lie in how to determine if the peer should switch 

to a new sender and how to choose the best senders among all neighbors. Examples of push-pull hybrid 

systems are GridMedia[24] and Coolstreaming+[25].

2.3. Evaluation framework

This  section  presents  the  peer-to-peer  streaming  framework  used  for  our  implementation  and 

evaluation. The framework is composed of two separated parts: the Experiment Controller and the 

peer-to-peer application. In the remaining of this section, we present them in detail. 

2.3.1. Experiment controller

The responsibility of the Experiment Controller is to prepare the environment for the experiment and to 

run the experiment with different settings as well as to collect information from the peers for analyzing. 
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The Experiment Controller consists of three components: the Infrastructure Monitor, the Daemon and 

the Experiment Manager. They are depicted in Figure 7.

The  function  of  the  Infrastructure  Monitor  is  to  collaborate  with  the  Daemon  in  preparing  the 

environment for the experiments. When performing experiments on a large number of computers or 

nodes, there is high probability that some nodes do not work. Therefore, if we try to directly command 

nodes to start the peers, we might end up in situation that many commands will be on inactive nodes or 

nodes that cannot run Java application. As the result, we do not have the desired number of peers in the 

overlay network while  wasting other  capable nodes.  Thus,  in  order  to  maximize  the utilization  of 

available capable nodes we do not start  the peer directly but instead we run an application called 

Daemon first. Then we use it to spawn the peers. The part of the program that is responsible for starting 

the Daemon is the Infrastructure Monitor. Upon starting, it reads a list of node addresses and tries to 

run Daemons there. When a Daemon runs, it opens a port for listening to starting peer command and 

sends back a message to inform the Infrastructure Monitor. When this process ends, we have the set of 

nodes that can be used for the experiment. This node set can be retrieved by sending a request message 

to the Infrastructure Monitor

The component that uses this node list is the Experiment Manager. The Experiment Manager allows us 

to run the experiment with different parameters such as the mean arrival rate of the peer, the mean peer 

life time, the initial playback delay, the number of peers, the scheduler algorithm, run scenario, etc. 

More information about these parameters can be found at  the end of this  chapter.  The experiment 

parameters are stored in a configuration file. When started, the Experiment Manager reads the file, then 

connects to the Infrastructure Monitor to get the list of available nodes. After that, it starts the peers by 

sending launch peer message to the Daemons and carries out the experiment with desired parameters.  

Another role of the Experiment Manager is that it acts as the bootstrap node where the peers come to 

get  the peer  list  and experiment information.  The Experiment Manager is  also the entity which is 

responsible for collecting the report from peers.
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2.3.2. Streaming application

The peer-to-peer streaming application is logically composed of Membership Manager, Chunk Buffer, 

Chunk Scheduler, Buffer Map Handler, Packet Mux/Demux and Communication module as illustrated 

in Figure 8. In this section, we first examine all modules each in turn. Then we study the execution of 

the application program.

2.3.2.1. Communication

The responsibility of Communication module is to send and receive byte streams between peers and 

between the peer and the Experiment Manager. The communication can be done via TCP or UDP.

2.3.2.2. Packet Mux/Demux

The communication between peers and between peers and the Experiment Manager requires different 

type of  messages.  For  transmitting over  the network,  these messages must  be converted into byte 

streams. Because each message is handled in a particular way the conversion should be made in a way 

such that the receiver is capable of not only rebuilding the original message data but also knowing the 

message type. Packet Mux/Demux module is responsible for this. On the sending side, it encodes the 

message type and converts the message into a byte stream. Then it packs both the encoded message 

type and the byte stream in to a packet for sending via the communication module. On the receiver 

side, it converts the packet back to the original message and then forwards it to the corresponding 

packet handler. 

The format of a packet is shown in Figure 9. It is composed of two parts: the header and the data. The 

header consists of a 1 byte of packet type, 4 bytes of the total packet length (header and data) and 8 
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bytes of packet sequence number. The data part contains the message in byte stream with variable 

length.

2.3.2.3. Membership Manager

Membership  Manager  is  responsible  for  overlay  construction  and  maintenance.  Its  operation  was 

previously described in section 2.2.2.1. In our framework, the member list is updated by requesting a 

new one from the Experiment Manager. Besides that, the neighbors are chosen randomly and a peer 

must keep the number of its neighbors within two parameters, minNeighbor and maxNeighbor.

2.3.2.4. Chunk Scheduler

This is the place where the scheduler for chunk exchange is implemented. Its operation was given 

before in section 2.2.2.2. Multiple schedulers can be implemented for the peer and the scheduler that 

will  be  actually  used  is  configured  from the  configuration  file.  When  the  peer  starts,  the  Chunk 

Scheduler does not start immediately. It only starts after the peer has obtained a specific number of 

neighbors. This specific number is determined by the minNeighbor parameter. 

2.3.2.5. Buffer Map Handler

Its duty is to store the buffer maps of its neighbors as well as to create and send its buffer map to  

neighbors. When two peers successfully connect to each other, they exchange their buffer map the first 

time. After that, when each peer receivers new data, it sends the updated buffer map to its neighbors. 

Figure 10 illustrates a buffer map of a 20 chunk buffer. It consists of the sequence number of the first  

chunk in the peer buffer together with a bit array which marks which chunks are available in the owner  

buffer. 
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2.3.2.6. Chunk Buffer

The Chunk Buffer is used to store the data chunks before passing them to the video player. When a data 

chunk arrives, if its sequence number is less than the currently being played out sequence number, it 

will  be dropped. Otherwise, it will be stored in the Chunk Buffer. When the chunk playback time 

comes, it is moved out of the buffer.

2.3.2.7. Application Execution

Figure 11 shows the flow of the peer-to-peer application. All communications between peers as well as 

between peers and the Experiment Manager are via TCP. The “Connect to Neighbors” processing step 

in the figure includes establishing connections with neighbors and requesting new member lists from 

the Experiment Manager if necessary. The execution flow of the peer-to-peer application is as follows. 

Upon starting, the peer sends a join message to the Experiment Manager. The Experiment Manager 

after receiving this message does two things. First, it sends the experiment information to the peer so 

the peer can initialize itself properly. After that the Experiment Manager transmits to the peer a list of 

current peers in the overlay so the peer can establish connections with them. After the peer gets this 

packet, it randomly chooses maxNeighbor peers from the list to establish connection with. The newly 

joined peer  may not  succeed in  becoming  neighbor  with  all  of  these  peers  but  as  soon as  it  has 

minNeighbor connections, it decides the first chunk that it will start to play out. Then the peer starts the 

scheduler algorithm for data exchange as well as schedule the player to start in playback delay time. 

When the peer lifetime expires or when it received a terminate message from the Experiment Manager 

it sends the report to the Experiment Manager and exit.
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2.3.3. Experiment parameters

The following table lists the most important parameters in the configuration file which allow us to 

control an experiment.
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Parameter Description

Nrepetitions Number of repetitions of the experiment with a given setup

MeanLifeTime The mean life time of the peer (only use in dynamic experiment)

ArrivalRate Arrival rate of the peers in the overlay

StreamRate Rate of the stream

PeerUploadRate The upload bandwidth of the peer

ServerUploadRate The upload bandwidth of the source

NPeers Total  number  of  peer  in  the  overlay  (only  use  in  static  or  semistatic 

experiment)

ChunkSize Size of the video data chunks

BufferSize Size of the Chunk Buffer

PlaybackDelay Seconds to wait until the video playback starts

Duration Duration of the experiment

RootDegree Number of neighbor the source can have

MaxNeighbors Maximum number of neighbors of a peer

MinNeighbors Minimum number of neighbors of a peer

PeerCacheSize Size of peer list returned by the Experiment Manager upon boot-strap

DataSchedule Scheduling algorithm the peer will use

BMRate For each BMRate chunks received, the peer will broadcast its buffer map once

ArrivalRate_2 The arrival rate in Duration_2

LifteTime_2 Life time of peers that arrive in Duration_2

Duration_2 Used when we want to perform the experiment with different overlay size in 

different durations

Duration_3 Used when we want to perform the experiment with different overlay size in 

different durations

Table 1: Common configuration parameters
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3. Coolstreaming+ implementation

In this chapter we first present the pull-push hybrid scheduler of Coolstreaming+, the current state of 

the art solution for peer-to-peer streaming. Then we present our Coolstreaming+ implementation.

3.1. Coolstreaming+ scheduler

In Coolstreaming+, the video stream is divided into K sub-streams. Each sub-stream is composed from 

chunks which return the same value in  the modulo operation of their  sequence numbers  to K. To 

disseminate sub-streams to all peers in the overlay network Coolstreaming+ uses a pull-push scheduler. 

A peer in Coolstreaming+ system after receiving all neighbor buffer maps will decide for each sub-

stream which neighbor it will acquire data from. These selected neighbors are called parents while the 

peer is called child. It is not required to have one different parent for each sub-stream. A parent may be 

responsible for sending several sub-streams. When the decision was made, the peer will send requests 

to the parents for sub-stream subscriptions. The parent, upon receiving the message, will actively push 

the whole sub-stream to the peer.

A peer in Coolstreaming+ chooses parents based on chunk availability. For a Coolstreaming+ system 

two parameters are defined. The first one is Ts which is described as the largest difference in the latest 

chunks between any two sub-streams that the peer has received. The second one is Tp which is the 

maximum deviation between the latest chunk of peer's neighbors and the latest sub-stream chunk that 

the corresponding sub-stream parent has. Thus, in Coolstreaming+ a peer does not replace its parent p 

of sub-stream j as long as the two below inequalities are satisfied:

max {∣H S i , A−H S j , A∣: i∈K }T s (1)

max {H S i , q : i∈K ,q∈neighbors}−H S j , pT p (2)

with:

– K is the set of sub-streams

– Ts is the threshold for the deviation of sub-streams in peer buffer

– Tp is the threshold for the lagging between parent and all neighbors

– H S i , A is the latest chunk of sub-stream i that the peer has received

– H S i , q is the latest chunk of sub-stream i that the neighbor q has

– H S j , p is the latest chunk of sub-stream j that the corresponding parent p has

There are two rationales behind these inequalities. The first one is if (1) is not satisfied, it implies that 

the parent of one sub-stream does not have enough upload bandwidth for all of its children or there is 

network  congestion.  The  second  one  is  if  (2)  does  not  hold,  it  means  the  sub-stream  parent  is 

significantly lagging behind comparing to at least one peer's neighbor. In both cases, the peer should 

find a new parent. 

For  the  selection  of  a  new  parent,  the  two  inequalities  above  are  also  utilized  but  with  a  little 

modification to inequality (1). Suppose that a new parent for sub-stream j is required. Because of Ts, the 

sequence number of the latest chunk that the new parent has for sub-stream j  must be larger than the 
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sequence number of the peer latest chunk minus Ts . Thus, (1) is modified to:

 max {H S i , A: i∈K }−H S j , pT s (3)

Thus a neighbor is only chosen to be new parent if it satisfies both (2) and (3). There can be many 

neighbors or no neighbor satisfy these two conditions. If there are many neighbors, the peer will choose 

one of them. On the other hand, if there is no neighbor, it is a signal that the peer should find more 

capable neighbors. In order to do that, the peer randomly chooses some other peers in the overlay to 

establish connections with. If the system limits the number of neighbors a peer can have, the peer may 

need to drop some existing connections with neighbors that are neither parents nor children for the new 

ones. These neighbors could be found by maintaining the list of the parent and the children neighbors 

as being used in our design below. 

Another  important  entity  in  Coolstreaming+  scheduler  is  the  cool  down  time.  Because  in 

Coolstreaming+ there is no limitation on the number of children a peer can have, one peer could have 

many children. If the peer does not have enough upload capacity for all of them the children will have 

to compete for it. As the result, some children will lose due to inequality (1) and trigger the parent 

reselection routine to look for a new one. With the new parent it will take the child some time before it  

can receive enough chunks to catch up with other sub-streams. During this time the new parent will not 

satisfy inequality (1) even if its upload capacity is more than enough to support its current children. 

Thus if the child is allowed to change a sub-stream parent too frequently, it will continuously change 

parents. This results in stream disruption as well as an unstable overlay. Therefore, the cool down time 

is introduced to restrict the peer to only replace a sub-stream parent once within a cool down time 

period.

In peer-to-peer streaming a non-trivial problem is to decide from which part of the stream a newly 

joined peer should start to retrieve. Coolstreaming+ solves this by using the parameter Tp. Suppose that 

when a peer joins the system, the chunks that are currently available at all of its neighbors have the 

sequence number from n to m. This peer will choose to start from the chunk with sequence number of 

m – Tp. The reason is if it chooses m to start from, it may not get enough chunks for a continuous 

playback since only a small number of neighbors have the required chunks. On the other hand, if it  

chooses n to start with, the peer will lag significantly behind the source of the stream. In addition, due 

to network latency, some chunks may not exist in the neighbors' buffers anymore.

3.2. Coolstreaming+ implementation

The function  of  Coolstreaming+ scheduler  is  performed by two components.  The first  component 

called adaptation is responsible for checking the current parents and doing parent reselection. The other 

one  named  forwarder  is  in  charge  of  forwarding  data  chunks  to  children.  For  Coolstreaming+ 

scheduler, we need to design the exchanged messages, the configuration parameters, the buffer map, 

adaptation logic and forwarder logic. Besides that, in order for the adaptation and the forwarder to 

perform their tasks, data structures for information holding are required. 

3.2.1 Buffer map

As describe above, the purpose of the buffer map is for a peer to advertise its data availability so that  

the schedulers of its neighbors can make decision where they will send data to or retrieve data from. 

Because in Coolstreaming+ only the sub-stream latest chunks are taken into consideration, the buffer 
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map only needs to contain their sequence numbers. A snap shot of buffer map for a video stream with K 

sub-streams is illustrated in Figure 12.

3.2.2. Parent and child object

Two main  data  structures  for  Coolstreaming+  scheduler  are  the  parent  and  the  child.  The  parent 

contains the information about the parent of a sub-stream which includes its IP, port and the time from 

which it is chosen as a parent. The purpose of the time value is to avoid the removal of new sub-stream 

parent in its cool down period. Similar to the parent, the child stores the data related to a sub-stream 

child. It consists of the child IP, port, the smallest sequence of the chunk that should be forwarded and a 

bit array. The bit array works together with the smallest sequence number to record chunks that have 

been sent to the child. Suppose the size of the chunk buffer at each peer in the system is S then the size 

of the bit array is equal to (S div K) plus 1 with K being the number of sub-streams.

During the time that Coolstreaming+ scheduler is running, two arrays of K elements are maintained. 

The first one holds all the parents of the peer. When the peer selects a parent and has successfully sent 

subscribe message to it, the parent information along with the time is put into the array. The array index 

that it is put into is equal to the id of the sub-stream that the parent is forwarding. The second array 

points to K lists of children. Each list corresponds to a sub-stream. When the peer receives subscribe 

message from a neighbor for a sub-stream, a child object is created and added to that sub-stream child 

list.

3.2.3. Messages

Two messages are necessary for the interaction between children and parents in Coolstreaming+. They 

only flow in one direction from the child to the parent and are summarized in Table 2. The first one is  

the sub-stream subscribe message which is used by a child to subscribe to a sub-stream. Its data part 

has only two values, the id of the sub-stream that the child wants to receive and the sequence number of 

the  first  chunk  that  the  parent  will  forward  to  the  child.  The  second  message  is  the  sub-stream 

unsubscribe message. The purpose of the child when sends this message is to signal the parent that it 

does not want to receive the sub-stream data from the parent any more. The reason is either because it 

switches to another parent or it is leaving the overlay network. The unsubscribe message only contains 

one value: the id of the unsubscribe sub-stream.
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Message Data Description

Sub-stream subscribe {sub-stream Id, start sequence no} Send from child to parent for subscribing 

to a sub-stream

Sub-stream 

unsubscribe

{sub-stream Id} For  child  to  unsubscribe  a  sub-stream 

from parent

Table 2: Coolstreaming+ messages

3.2.4. Adaptation

The task of the adaptation is to monitor the quality of sub-stream receiving and to find new parents if  

necessary. Its operation is based on the two predefined values Ts and Tp as described in section 3.1. 

However, there are two questions that were not defined or clearly defined before. The first one is how 

the peer selects a sub-stream parent when there are multiple eligible neighbors. Our decision in this 

case is to choose new parent in a way such that the number of different parents is maximal. Therefore, 

the number of sub-streams affected by parent departures is minimal. The second question relates to the 

initial chunk the peer should request when it switches to a new parent. With this question, suppose that  

the  sequence number of  the  latest  chunk the child  has  for  the  sub-stream is  a and  of  the current 

playback chunk is b. If a is larger than b, the peer will ask the parent to start forwarding from (a + K) 

with K is the number of sub-stream. Otherwise, the starting chunk will be the sub-stream chunk right 

after b. Depending on the delay of message exchange and processing, a bigger sequence number chunk 

may be more appropriate.

The execution logic of the adaptation component is illustrated in Figure 13 with (1), (2) and (3) are the 

three inequalities above. We set the interval between adaptation executions to be 200ms.
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3.2.5. Forwarder

The duty of the forwarder is to push video data to the children as fast as its upload bandwidth allows. 

The forwarding process is done in a round robin way both on sub-stream basis and on child basis as 

demonstrated in Figure 14. Starting from the first sub-stream the forwarder examines all sub-streams 

one by one till  the  last  one  before  return  back to  the  first  sub-stream.  With  each sub-stream,  the 

forwarder takes one child from the child list and attempts to forward one data chunk to it. If success, it  

will immediately go to the next sub-stream. Otherwise, it will fetch the child right after the previous 

examined one in the child list and again try to send a data chunk to it. This process is repeated until one 
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data chunk is delivered or all children of the sub-stream list have been examined. In this way, the peer 

upload bandwidth is divided equally to all sub-streams. The forwarder fails to send data to the child due 

to several reasons. The first reason is the child already has all chunks that the peer has for the sub-

stream. The second one is because of network congestion. The last cause is the connection between the 

peer and the child has been broken. In this case, the child will be removed from the sub-stream child 

list as soon as the forwarder switches to another sub-stream. 

The execution logic of the forwarder is shown in Figure 15. The first thing we can see from it is that in 

its running, the forwarder may enter sleep state for some times because of two reasons. The first one is 

its upload bandwidth has been used up. After transmitting one data chunk, the peer recalculates its 

upload speed. If this speed is higher than the one it is configured, the peer will sleep until it has enough 

capacity for sending one chunk. The second reason is when it loops through all the children of all sub-

streams but cannot successfully forward any chunk. Another notable point from the figure is the update 

of child and sub-stream information after each chunk delivery. There are two reasons behind it. Firstly,  

in  order  to  process  the  child  list  in  round robin way,  for  each sub-stream the  forwarder  needs  to 

remember which child was processed in the last forwarding loop. Thus, before switching to another 

sub-stream the forwarder will record the latest examined child of the sub-stream. Secondly, regarding 

each sub-stream child the forwarder must remember which chunks have been forwarded to it in order to 

avoid duplication. As a result, each successful chunk sending needs to be recorded in the child object.
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4. Playout adaptation implementation

4.1. Playout adaptation algorithm

As described before,  in  streaming a buffer  is  used at  the receiver  side to  absorb the variations  in 

network delay. Since using buffer increases the playback delay, a small buffer is desired especially in 

live streaming and interactive communication. The problem with small buffer is the high probability of 

buffer underflow. In order to address this  issue, playout adaptation is proposed. Playout adaptation 

refers to any change in the playout scheduling of the video frames with respect to the frame sequence 

sent from the source. There are two ways that it can be achieved. The first one is whenever buffer 

underflow occurs, the playout process is paused until the buffer level is filled to a predefined level. 

Therefore, there is no missing frames in the video presentation. The second way is to play out at a rate 

which is higher or lower than the video normal rate. A lower rate is used when the buffer underflow is 

about to happen. Because the consumption of buffer data is less with a lower rate, there are more time 

for the missing chunks to arrive without disrupting the playout process. On the other hand, a higher rate 

could be used when the buffer occupancy is high in order to increase the consumption of buffer data. Its 

purpose is to reduce the playback delay or to avoid buffer overflow in case the size of the buffer is 

small. The lower or higher rate is achieved by decreasing or increasing the interval each video frame is 

shown. According to [28] the playback rate can fluctuate up to 25% without causing attention from the 

viewers. Although playback delay is changed in both ways of playout adaptation, the second way is 

more preferred since it causes less interruption to the playout process.

As mentioned before, in [36] the authors prove that with live peer-to-peer streaming the playback delay 

needs to be increased with the overlay size in order to maintain the same level of loss rate. On the other 

hand, when the overlay size decreases significantly such as when the live event ends in case of flash 

crowd, it  might  be good to have a playback delay decreased as well.  Ideally,  the delay should be 

increased or decreased to a value such that all peers receive chunks before their playback deadline. 

However,  in  peer-to-peer  streaming  due  to  the  variations  in  chunk  dissemination  paths  and  in 

processing time at peers as well as because of peer arrivals and departures, it is not easy to achieve or  

only achieved with a very big playback delay. Besides that, these variations together with peer arrivals 

and departures also cause the loss rate to fluctuate in stationary systems (i.e. systems whose sizes do 

not  change).  Therefore,  in  [38]  the  authors  of  the playout  adaptation  algorithm consider  that  it  is 

acceptable for the loss rate to belong to a range [Tl, Th]. As the result, the purpose of their algorithm is 

to adapt the playback delay so that the loss rate is within this range. The adjustment in playback delays 

are achieved through the second way of playout adaptation.

The algorithm from [38] is shown below. Periodically, the loss rates  pi of all peers in the system are 

collected. From that, the average loss rate at that time p is calculated. p is then used as the input to 

compute the smoothed average loss rate π together with its variance σ. The formulas to estimate σ and 

π are borrowed from the way round-trip time is calculated in TCP [31]. The values of these formulas' 

parameters, α and β, from TCP which are respectively 0.125 and 0.25 are also reused. Then based on 

the values of  π, σ and p , the decision on whether the playback delay B should be changed is made. 

The  playback delay is increased if any of two conditions is met. The first one is that both p and  π 

are larger than Th. The second condition is if p is both larger than Th and  (π + k. σ). The value (π + 

k. σ) with k > 0 is also learnt from round-trip time calculation. It is the predictive maximum value that

p may have due to reasons other than overlay size increase. By adjusting k, we can trade between 
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the fast adaptation when overlay size increases and the incorrect adaptation due to path variations, peer 

arrivals and departures. The two conditions for B decrease are similar but use Tl and (π - k. σ) instead of 

Th and  (π + k. σ).

If the playback delay is required to change, then its new value is computed. The time unit for playback 

delay adjustment is equal the video interval tc that each chunk data corresponds to. Each time a smaller 

playback delay is needed, the current playback delay is decreased by one time unit. On the other hand, 

the number of time unit γ for playback delay increment depends on previous adaptations. Its initial and 

smallest value is one. For consecutive increments, γ is doubled. For each decrease, γ is reduced by one. 

The  reason  to  adjust  the  playback  delay  in  this  way is  that  when the  overlay  size  increases,  the 

playback delay needs to be advanced fast in order to react quickly to the losses in the system. On the 

other hand, when decreasing the playback delay, it should be done slowly so that the average loss rate 

does not rise over T h .

P  p1, p2, ... , pn

p 
1

n
∑
j=1

n

p j

σ=1−β⋅σβ⋅∣π−p∣
π=1−α ⋅πα⋅p

if pT h then

if πT h∧p≤πk⋅σ  then

do nothing;

else

if previous_action == INCREASE then

γ = 2. γ

else

 γ = max(γ - 1, 1)

end if

B = B + γ.tc 

previous_action = INCREASE

end if

else if pT l then

if πT l∧p≥π−k⋅σ  then

do nothing;

else

γ = max(γ – 1, 1)

B = B - tc 

previous_action = DECREASE

end if

else 

do nothing

end if
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4.2. Implementation

The realization of the playout adaptation requires the cooperation between the peers in the system and 

an  entity  called  the  Manager.  The  peer  is  responsible  for  reporting  packet  loss  while  task  of  the 

Manager  is  collecting the report,  running the above algorithm and sending back the output  of  the 

algorithm, if any, to the peer. One point we need to pay attention when collecting the loss rates is we 

must ensure that the loss rates are really for the period that we want to measure with the corresponding 

playback delay. It is because we do not know how long it takes from the time the request for loss rate is 

sent to the time the reply is received. In our implementation, it is solved by using an integer named 

report number to synchronize the communication between peers and the manager.

4.2.1. Message

Five messages are designed for the interaction between Manager and the peers in the network. Their 

names together with their data and descriptions are represented in Table 3. The Delay Request and 

Delay Response are for the communication between the two entities about the current delay and the 

current report number when the peer just joins the network. The next two messages lost request and lost 

response are for loss report collection. The last message, change delay, is for the Manager to inform the 

peers about a new target playback delay. 

Message Data Description

Delay Request {peer ID} Send  from  newly  join  peer  to  Manager  to  get  the 

current playback delay

Delay Response {report  number,  current 

playback  delay,  target 

playback delay}

Reply of current playback delay from Manager to the 

newly join peer

Loss Request {report  number,  playback 

delay}

For the Manager to request a loss report from all peers

Loss Response {report number, loss count, 

play count}

For  the  peer  to  reply  to  a  loss  request  from  the 

Manager

Change Delay {report  number,  playback 

delay}

Used by the Manager to inform all peers about the new 

playback delay

Table 3: Messages for Playout Adaptation

4.2.2. Program logic

4.2.2.1. Interaction between the peer and the Manager

The interaction between the peer  and the Manager is  illustrated in Figure 16.  All  communications 

between the peer and the Manager are through TCP. When the peer joins the network, it sends a delay 

request message containing its ID to the Manager for the current playback delay and current report 
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number. The Manager upon receiving the delay request replies back to the peer with a delay response 

message.  It  contains the current report number,  the current playback delay and the target playback 

delay. The current playback delay is the delay of the system at the reply time while the target playback  

delay is the delay that should be achieved. They could be different upon peer arrival. 

In order to measure the overall system loss rate, periodically the Manager broadcasts a loss request 

message to every peer in the overlay. The loss request data has two fields: the current report number 

and the current playback delay as stored at the Manager. When the peer receives this message, it checks 

the report number field against its current value. If they are not matched, it implies that the peer is not 

synchronized with the Manager due to the losses of loss request messages or change delay messages. In 

this case, the peer changes its report number and target playback delay to the values in the loss request 

message and does not send back a reply. Otherwise, it sends back the loss report enclosing the report 

number, the number of missed chunks and the number of played out chunks during the last period. The 

report number in the reply message is used by the Manager to test if the report is really for the duration 

that it is estimating. In both cases, the peer resets its playback statistic. After issuing the loss request,  

the  Manager  waits  for  some predefined  time  interval  for  the  reports.  Then  it  runs  the  adaptation 

algorithm on the reports that it has. If the result is a change in playback delay, a change delay message 

with the current report number and the target playback delay is sent. When the peer receives the new 

delay will increase or decrease its speed until the target delay is achieved. 
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4.2.2.2. Execution at Peer side

Two processing tasks are needed at the peer side. One is for the messages from the Manager while the 

other is to adjust the playback delay.

The execution flow of the message processing is shown in Figure 17. Its duty is to reply to the loss 

request message with the playback statistic, change the target delay or resynchronize with the Manager. 

All of these operations are well described in the previous section with only one note. When the peer 

receives the loss request, if it has not started to play out the stream, no loss response will be sent back. 

The part that changes the playback delay according to the decision from the Manager is implemented 

within the video player. Figure 18 illustrates the operation of the new player. Now the player has three  

playout speeds: a normal one, a fast one and a slow one. The fast speed is calculated by multiplying the  

normal speed with HighPlaybackSpeed, a parameter whose value is larger than one. In a similar way, 

the slow speed is achieved by multiplying the normal speed with LowPlaybackSpeed, a parameter 

whose value is smaller than one. Every time the player plays out a chunk, it will compare the current 

delay to the target one and check if a correct playback speed is in effect. This operation results one of 

the four possibilities. The first one is the two delays are equal and a normal speed is used. In this case,  

the player does not do anything but its normal actions which are to remove chunk from buffer and 

update playback statistic. The second possible outcome is two delays are different and an appropriate 

speed toward the target delay is in use. This implies that the peer is in the transitional phase to the 

target delay. If this happens, in addition to the normal actions the peer also increases or decreases its 

current delay. The third possibility is two delays are equal and a high or low speed is in effect, this is a 

signal that the transitional phase ends. The peer has acquired the target delay. It should immediately 

switch back to the normal speed. The last output that could happen is two delays are not equal but a 

normal speed is used. It implies a change delay message has been received or a synchronization has 

been taken place. Therefore, the peer should start to transit to the new target delay by appropriately 

changing its playback speed.
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Figure 17: Peer side message processing



4.2.2.3. Execution at Manager side

The function performed at the Manager is to determine a suitable playback delay so that the system can 

achieve the desired loss rate. As described above, it does that by continuously monitoring the whole 

system loss rate and compare to predefined thresholds.

The  execution  of  playout  adaptation  at  Manager  side  is  shown  in  Figure  19  in  which 

MeasurementPeriod and LossReportTimeout correspondingly denote the interval between loss request 

broadcasting and the waiting time for report. The operation of Manager was clearly described before. 

One point that is worth to note is when the playback delay needs to be changed, the Manager will 

compare the new playback delay to the MaxPlaybackDelay. If the new playback delay is larger than the 

MaxPlaybackDelay, the playback delay of the system will not be changed. Another point is when the 

playback delay changes, the Manager also calculates the necessary transition time for the peers to reach 
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the new playback delay. It will wait for this period before rescheduling the MeasurementPeriod timer. 
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Figure 19: Playout adaptation at Manager side



When collecting peer reports, a problem that we might face is the number of collected report is too 

small compare to the number of peers that actually exchange data in the system. As the result, if we 

make decision based only on these reports,  there is  a high chance that the decision is not correct. 

Therefore, a ReportThreshold parameter is added. It is defined as the ratio of current number of reports 

to the previous number of reports. The adaptation algorithm only runs if this threshold is met. 

4.2.3. Parameter

For the experiments with playout adaptation,  new configurable parameters are necessary.  They are 

presented in Table 4.

Parameter Description

Alpha α for calculating the smooth loss rate π

Beta β for calculating the variance σ

Coefficient k for predicting the range that average loss rate p belongs. 

MeasurementPeriod Period for each packet loss measurement

UpperThreshold The maximum acceptable loss value in percent. Above this value will 

cause the system to increase its playback delay.

LowerThreshold The minimum acceptable loss value in percent. We can decrease the 

playback delay if the current loss rate is lower than this value.

HighPlaybackSpeed To calculate the playback rate for decreasing the playback delay. The 

playback rate equals (HighPlaybackSpeed * normal rate) .

LowPlaybackSpeed To calculate the playback rate for increasing the playback delay. The 

playback rate equals (LowPlaybackSpeed * normal rate) .

MaxPlaybackDelay Maximum value of playback delay

LossReportTimeout How long the Manager should wait for reports after issuing the report 

requests 

ReportThreshold The maximum difference between two consecutive reports.

Table 4: Playout adaptation parameters
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5. Evaluation

5.1. PlanetLab

Our testbed is PlanetLab, a global research network for testing network services with more than 1000 

computers spreading from North America to Europe and Asia. These computers are shared between the 

researchers at academic institutions and industrial research labs. Each user in PlanetLab is assigned a 

set of computers that he can access to deploy and run his applications.  Because the computers on 

PlanetLab are connected through the Internet, it provides us an excellent environment for testing the 

network applications such as peer-to-peer systems, distributed storage or network mapping. 

When we do our experiments on PlanetLab, we encounter several issues that affect the experiment 

setting as well as the results. First is the limitation of the overlay size. Since it is not required for a  

computer on PlanetLab to be available all time, we normally have only half of the 600 computers  

assigned to us worked. As a consequence, our evaluations are carried out with the overlay size of 200 

and 250. The second issue is some computers on PlanetLab seem frozen for some times. And this time 

is  not  small,  it  could  be  more  than  one minute.  Because  it  happens  even without  our  application 

running, we assume that it is caused by other applications that run in the same computers with our 

application. The third problem relates to the network. In all of our experiments, we always have peers 

that could not send data due to the sending buffers are full. We could not determine if the network 

congestion is created by our application or by other applications. 

5.2. Methodology

For each experiment setting in this chapter, a number of experiments are run. All average values are 

calculated from the experiment results with the confident level of 95%. In order to remove the outliers  

caused by issues with PlanetLab as mentioned above, when we collect the loss rates from peers we 

remove several smallest loss rates and the same number of biggest loss rates. The total number of 

removed loss rates is four in Coolstreaming+ evaluations and is two in playout adaptation evaluations.

5.3. Coolstreaming+

In  this  evaluation,  we  do  the  experiments  to  check  the  correctness  of  our  Coolstreaming+ 

implementation. One way to test the implementation is through the relation between playback delay 

and loss rate. Because bigger playback delays give the chunks more time to spread in the system, more 

peers will get chunks before their playback deadline. Therefore, with the same overlay size the loss rate 

decreases together with the increment in playback delay. However, it only happens when the playback 

delay is less than the necessary time for a chunk to flow from the source to all the peers. Another way 

to check is through the relation between loss rate and number of sub-streams. Since the number of 

parents increases with the number of sub-streams, the problems with one parent have less effect to the 

whole stream. As the result, the loss rate decreases. Nevertheless, the benefit of increasing the number 

of sub-streams depends on the number of different parents that a peer can have. If the number of sub-

streams is already equal to the number of  different parents, increase in number of sub-stream may not  

gain any decrease in loss rate.

For these evaluations, we run the experiments on 200 peers. With each experiment, the Experiment 
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Manager sends the launch peer messages to the Daemons until there are 200 peers in the system. After 

waiting some times for overlay stability, it instructs all peers to record and send back their playback 

statistics for 200s. When all experiments for a setting are finished, the mean loss rate of that setting is 

calculated from all peer statistics. Common parameters for all experiments are shown in Table 5. 

The loss rate vs playback delay evaluation is carried out with the playback delays of 5, 6, 7, 8 and 9 

seconds. For each playback delay, the two parameters Th and Tp are set to be equal and are one second 

less than the playback delay. The stream is divided in to eight sub-streams. The result of this evaluation 

is  demonstrated  in  Figure  20.  From the  figure,  we  can  see  that  the  loss  rate  decreases  with  the 

increment in playback delay. However, the decreases are not the same. It is largest with the change of 

playback delay from 5 seconds to 6 seconds while is smaller with other changes. This is an indication 

that the increase in number of chunks which arrive before playback deadline with the former increment 

in playback delay is considerably much more than with the later increments in playback delay.

For the the loss rate vs number of sub-streams evaluation, a playback delay of 7 seconds is used. Its 

values for the  Th and  Tp parameters are the same as in the previous evaluation. The result which  is 

illustrated in Figure 21 shows that the loss rate decreases with the increase of number of sub-streams. 

The decrease is most significant when the number of sub-streams increases from four to six seconds 

while much less when the number of sub-streams advances from six to eight seconds.
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Figure 20: Loss rate vs playback delay



Parameter Value

CoolDownTime 3 seconds

NPeers 200

Duration 200s

ChunkSize 2500 Bytes

StreamRate 200kbps

PeerUploadRate 250kbps

ServerUploadRate 500kbps

BufferSize 500 chunks

RootDegree 8

MaxNeighbors 16

MinNeighbors 13

Table 5: Coolstreaming+ evaluation parameters
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Figure 21: Loss rate vs number of sub-streams



5.4. Playout Adaptation

5.4.1. Parameter

Table  6  presents  the  parameters  used  for  all  playout  adaptation  evaluations.  In  addition,  in  all 

experiments the scheduler utilized is a pure pull scheduler with synchronous starting chunk, i.e. the first 

chunk that a newly join peer starts to request is that chunk being generated by the source at that time. 
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Parameter Value

Alpha 0.125

Beta 0.25

Coefficient 2

MeasurementPeriod 25 seconds

UpperThreshold 4

LowerThreshold 1.5

HighPlaybackSpeed 1.1

LowPlaybackSpeed 0.9

MaxPlaybackDelay 100 seconds

LossReportTimeout 15 seconds

ReportThreshold 0.8

ArrivalRate 0.5 peer/second

MeanLifeTime 500s

ChunkSize 3750 Bytes

StreamRate 300kbps

PeerUploadRate 375kbps

ServerUploadRate 600kbps

BufferSize 500 chunks

RootDegree 8

MaxNeighbors 20

MinNeighbors 16

Table 6: Playout adaptation parameters 
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5.4.2. Application performance with and without playout adaptation

In this evaluation, we compare the loss rate of a system with playout adaptation to a comparable system 

without  playout  adaptation.  To do  that,  we  first  run  the  experiments  with  playout  adaptation  and 

calculate the average playback delay of the system when its overlay size is stable. This value is then 

used for the experiments without playout adaptation. After that, we examine the relation between the 

two loss rates when the system  is stable. The duration for each experiment is 7000s.

The histograms of the smooth loss rates from two systems are shown in Figure 22. Figure 22 (a) plots 

the system with playout adaptation while Figure 22 (b) depicts the other system. As illustrated by these 

figures, in both systems the desire loss rate which is less than four percents is achieved. However, the 

loss  rate  of  the  playout  adaptation  system spreads  a  wider  space  than  the  non-playout  adaptation 

system. Its range is [1, 4.25] in the first system while is [1.25, 3] in the second system. This difference 

is expected because in the second system, the variation in loss rate is only due to the network and peer 

churns while with the first system in addition to these causes is the change in playback delay. 

Another notable point from the Figure is the value range that has most of the loss rates. In the playout 

adaptation system, this range is from 1.25 percent to 2.5 percent with the peak around 1.5 percent. It is 

different in the non-playout adaptation system. With this system, most of loss rates concentrate in the 

range of [1.5, 2.5] with the peak at around two percents. This difference is also confirmed by the mean 

and the standard deviation of the loss rates. These values with playout adaptation and non-playout 

adaptation system are [1.89, 0.59] and [2.05, 0.32] correspondingly. This can be explained by the way 

that the playback delay changes in the playout adaptation system. Figure 23 shows the results from a 

representative experiment of this evaluation. As illustrated by this Figure, because of the increment in 

system size, the playback delay increases continuously in the beginning. As a consequence, when the 

overlay reaches its size at the time of about 2500s, the playback delay is quite large. This value is much 

larger  than  the  playback  delay  required  for  the  minimum loss  rate  of  1.5  percent.  Therefore,  the 

playback delay of the system decreases toward the loss rate of slightly larger than 1.5 percent. And this 

decrease process happens slowly according to our algorithm. As the result, a very big number of loss 

rates is less than 2 percents. 
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Figure 22: Smoothed loss rate histogram of system with playout adaptation (a) and without playout  

adaptation (b)



5.4.3. Evaluate the consistency of playout adaptation

In this evaluation, we examine how the playout adaptation responds to different increasing rates of the 

system size. It tries to mimic the flash crowd in live streaming.

In our experiments, the system starts with the arrival rate of 0.1 peer per second and the mean peer life  

time of 500s. It stays in that state for 4000s, so it can reach its stable state. After that, we increase the  

system size fast by adding another peer arrival process. The rate of the second process is set to be 3.9,  

7.9 and 15.9. In addition, the peers of the second arrival process are not scheduled to leave the system.  

The second arrival process ends when the number of peers started by it reaches 200. 

The results of the experiments are shown in Figure 24, 25 and 26. Figure 24 illustrates the changes in 

playback delay. Figure 25 shows the increments in system size while Figure 26 illustrates the loss rates. 

In each figure, the results for arrival rate of 3.9, 7.9 and 15.9 are respectively marked with (a), (b) and 

(c). However, these plots only represent the results of one representative experiment for each arrival 

rate. It is because the results produced by one experiment set-up are similar to each other.

As being shown by the figures, at the time 4000s all three systems perceive the increase in overlay size 

through the loss rates and react to this by continuously advancing the playback delay. The increment in 

the playback delay stops when the delay value reaches approximately eight seconds. It implies that this 

playback delay is large enough to accommodate the newly join peers while maintain the desire loss rate 

in the range from 1.5% to 4%. 

One notable point from Figure 24 is final playback delays of the three experiments are close to each 

other but not identical. It is due to the difference in playback delays and probably in γ at time 4000s 

when the overlay size starts to increase. The variance in the delay and  γ for the first 4000s of the 

experiment can be explained by the small number of peers in the network. With the arrival rate of 0.1 

peer per second and a mean life time of 500s, there are about 50 peers in the system on average. As a  

consequence, problem with one or several peers increase the loss rate of the whole system and lead to 

the change of playback delay. This issue is illustrated in Figure 26.
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Figure 23: Overlay size, loss rate and playback delay of a system with playout adaptation
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Figure 24: The increments of playback delay for different arrival rates

Figure 25: The increments of system size for different arrival rates

Figure 26: Loss rates for different arrival rates



6. Conclusion and future work

Besides the advantages in cost, deployment and scalability, there are a lot of challenges that live peer-

to-peer streaming needs to overcome. Some of them are low playback delay, high bandwidth utilization 

and  churn  resilience.  In  this  thesis,  we  have  addressed  the  issue  of  churn  resilience  through  the 

implementation and evaluation of a novel playout adaptation algorithm. This algorithm dynamically 

adjusts  the playback delay in  order  to  maintain  the average loss  rates  of  a  peer-to-peer  streaming 

system  under  churn  within  predefined  range. The  accuracy  of  the  algorithm  as  well  as  our 

implementation is confirmed through number of experiments on PlanetLab where the overlay size is 

increased at different rates. Another contribution of this thesis is the implementation of the current state 

of the art peer-to-peer streaming system, Coolstreaming+. The correctness of our implementation is 

proved through extensive experiments to study the relation between loss rate and playback delay as 

well as between loss rate and number of sub-streams. The results show that system loss rates decrease 

together with the increments in playback delay and in the number of sub-streams. 

There are several works that we would like to continue in the future. They were not done in our thesis  

due  to  the  limitation  of  time.  Firstly,  we  are  interested  in  carrying  out  more  evaluations  with 

Coolstreaming+ scheduler and comparing it to other schedulers. Secondly, we would like to evaluate 

our playout adaptation solution with more schedulers. For each scheduler, the relation between the 

change in playback delay with the scheduler parameters if exist might need to be investigated. For 

example, with Coolstreaming+ scheduler the change in playback delay may require the adjustment in 

three scheduler parameters. Lastly, we are interested in enhancing the playout adaptation algorithm. 

Since the current algorithm is a centralized solution which is known to be single-point of failure and 

not scale well, the research direction will be toward decentralized algorithms that run locally at each 

peer. It is a challenge since decentralized playout adaptation may increase the asynchronicity between 

peer buffers  and thus decreases the efficiency in data exchange.
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