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Abstract 

Real-time streaming is becoming popular nowadays on the internet. 

WebRTC is a promising web technology that enables media stream transmis-

sion between two browsers without other third-party plugins. However, tradi-

tional WebRTC applications can only establish peer-to-peer (P2P) communica-

tions, which cannot be directly used in one-to-more streaming scenarios such 

as a multi-party video conference.  

This thesis project presents a development of a multi-cloud simulation 

framework to implement software multicast of WebRTC streams to enable one-

to-more real-time streaming. The framework can generate a cloud network to-

pology with a simple script, and provides flexible ways to model the network 

links with parameters such as bandwidth, packet loss, and link latency. By using 

selective forwarding units (SFUs), a stream publisher only needs to send a sin-

gle copy of the data to the cloud, the data packets are duplicated and forwarded 

to multiple subscribers. In addition, three resource allocation algorithms are 

included in the framework to determine the data center for a task. 

To evaluate the performance, this framework enables people to monitor the 

throughputs and running streams on the data centers during the experiments. 

We develop benchmark applications as substitutes for real WebRTC traffic. 

These applications can generate UDP stream packets with the same dimension 

of WebRTC packets and provide the customization of stream parameters. In 

this report, we present a comparison of the stream performances under differ-

ent allocation algorithms. Finally, as an outcome of this project, we design an 

integrated functional test to simulate a real-world scenario. The result shows 

that the framework is able to work well on complex real cases and simulate most 

of the multi-cloud networks. 
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Chapter 1 Introduction 

This chapter provides an overall introduction to this thesis project. Section 

1.1 presents some background information on this project. Section 1.2 describes 

the problems that need to be solved in this thesis project. Section 1.3 and 1.4, 

describe the purpose and goal of this project. Section 1.5 presents the methods 

that are used in this thesis project. Section 1.6 describes the delimitations and 

scope of the project study. Finally, section 1.7 gives an outline of the following 

part of the report. 

1.1 Background 

With the rapid development of the WEB technologies, real-time streaming 

is becoming popular today. A research [1] shows that in the year 2016, about 81 

percent of the Internet and mobile audience watch more live streams compared 

to 2015. Currently, there are many mature techniques to implement real-time 

streaming on the Internet, but most of them depend on third-party software 

(e.g., Skype) or plugins (e.g., Adobe Flash). However, people today are more 

likely to use multiple devices to access the Internet such as mobile phones, lap-

tops, and tablets which may use various platforms, and makes it no longer fea-

sible to use a single kind of plugin or software on all kinds of platforms without 

any compatibility issues. Therefore, today people try to integrate more func-

tions into the browsers instead of loading various third-party web components. 

WebRTC (Web Real-Time Communication) is a technology supported by 

Google that provides web real-time communication based on simple JavaScript 

API. The goal of WebRTC is to enable multiple platforms to communicate via a 

common set of protocols [2].  

 Traditional WebRTC is based on peer-to-peer connections between brows-

ers. However, in a cloud platform we can implement software multicast and 

enable one-to-more streaming, which can be used for online multi-party con-

ferences. One major problem of the cloud forwarding system is the resource 

allocation, especially in a multi-cloud scenario. 

 In a multi-cloud system, the customers will reach data centers with differ-

ent link capacities (e.g., link bandwidth, delay, and packet loss). Therefore, al-

locating an incoming stream to a proper data center virtual machine (VM) can 

greatly improve the stream performance. 
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1.2 Problem  

In this thesis project we are interested in and attempt to solve the following 

three questions: 

1. How can a cloud framework be designed and established to forward 

WebRTC streams? 

2. How can we deploy different allocation algorithms in the framework and 

implement software multicast on it so as to enable one-to-more streaming? 

3. How can a stream benchmark application be developed to evaluate the 

platform performance and functionality? 

1.3 Purpose 

The purpose of this thesis report is to present a development of a cloud 

framework which can be used for WebRTC stream under the assumption of a 

model in which end-to-end streams are routed through a software multicast 

implemented in the cloud. The simulation framework can be used for effective 

experiment on the cloud area without using real network. 

1.4 Goal 

The goal of this thesis project is to implement the cloud framework with a 

selected simulation tool. The framework should be able to run the experiments 

automatically with simple scripts. 

The framework should provide methods to set the following parameters for 

the experiments: 

1. Data center number/id. 

2. VM number per data center. 

3. Client group number/id. 

4. Host number per client group. 

5. Link parameters including latency, packet loss, and bandwidth. 

Finally, in this project, we should provide a set of benchmark applications 

that can evaluate the performance of the framework including stream latencies, 

forwarder loads (number of running streams), and forwarder throughputs. 
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1.5 Methodology 

In this project, we use both qualitative and quantitative research methods 

for the development and evaluation part. At the early stage of the project, qual-

itative methods are used to find feasible tools and proper network models for 

the framework development. After the development, we evaluate the stream 

performance of the framework in quantitative methods. 

1.6 Delimitations 

WebRTC uses SRTP (RFC 3711) as its media transmission protocol, which 

further uses UDP at the lower transport layer [3]. However, in the real-world 

WebRTC traffic within browsers, it is unavoidable to include some web connec-

tions based on HTTP or other TCP connections that will cause additional band-

width and bring unnecessary CPU resource cost to the testbed. Therefore, in 

this project, we implement all the resource allocation and stream forwarding on 

UDP level.  

A WebRTC data packet is enveloped in a UDP packets. Therefore, the de-

tailed payload will not affect the transport layer performance if we use a UDP 

packet with same dimension to replace it and add our own benchmark param-

eters such as timestamps and necessary stream information for evaluation pur-

poses. That is why it is reasonable to evaluate the platform with our own UDP 

stream benchmark applications instead of using real WebRTC streams and ex-

clude TCP affects from our focus. 

1.7 Outline 

The rest part of this report will be organized as follows: chapter 2 provides 

necessary theoretical background information of the project. Chapter 3 gives an 

introduction to the developing tools used in this project. Chapter 4 presents a 

high-level design of this architecture, while the detailed implementation is de-

scribed in chapter 5. Chapter 6 presents some performance evaluations and an 

integrated functionality test. The conclusion and expected future works are in-

cluded chapter 7. 
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Chapter 2 Theoretical Background 

This chapter provides some necessary background knowledge and related 

works for this thesis project. A brief introduction of cloud computing and multi-

cloud system are described in section 2.1. After that, in section 2.2 we will take 

a look at the resource allocation problem in a cloud architecture. In section 2.3 

we will talk about WebRTC architecture. 

2.1 Cloud computing and multi-cloud system 

This section describes the concepts of cloud computing and multi-cloud 

system. Sub-section 2.1.1 presents a general introduction to cloud computing as 

well as some features and the service models. Subsection 2.1.2 gives an intro-

duction to a multi-cloud system. 

2.1.1 Cloud computing 

As the data volume of the network traffic is increasing rapidly recent years, 

we can see a fast growth of the computing and data resources on the Internet. 

Nowadays, with the help of high-capacity link and low-cost storage, cloud com-

puting is becoming popular and is able to attract interests from many compa-

nies. People are getting used to online computing resources, and the Internet is 

also transformed from a traditional communication platform into a computing 

platform. However, when it comes to the definition of cloud, we can find several 

different explanations. Generally speaking, cloud computing, which is also re-

ferred to “the cloud” in short, is a kind of business service model that delivers 

on-demand computing resources on a pay-for-use basis over the Internet [4].  

The National Institute of Standards and Technology (NIST) gives five fea-

tures that can be used to distinguish the cloud service from other service models 

[7]. They are on-demand self-service, broad network access, resource pooling, 

rapid elasticity, and measured service.  

 On-demand self-service 

An on-demand self-service means that the cloud consumers can get and 

manage the cloud resources by self-operations instead of human interac-

tion with the cloud providers. The cloud systems should provide methods 

to automatically configure the corresponding resources for the users. 

 Broad network access 

Broad network access means that the cloud consumers should be able to 

get access to the service through heterogeneous platforms (e.g., mobile 

phones, laptops, and workstations) 
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 Resource pooling: 

In a cloud architecture, the computing tasks are distributed over multiple 

machines or computing resources owned by the cloud service providers 

which are called resource pools [5]. The resource pooling mechanism ena-

bles the service provider to integrate their computing resources and pro-

vide services to multiple consumers. The resource pooling architecture can 

be either simple or highly-complex which depends on their business strat-

egies [6], therefore, the resource allocation in a cloud system can be crucial 

to the performance. A detailed discussion about cloud resource allocation 

is included in section 2.2.  

 Rapid elasticity 

The cloud system should have the capability to elastically expand or reduce 

the scale of the resources within a short time according to the users de-

mand. On the other hand, from the perspective of the consumers, the pro-

vision of the cloud resource should appear to be unlimited and can meet 

the requests in any quantity at any time. 

 Measured service 

Measured service means that the resources provided by the cloud system 

should be described in an abstracted and measurable way (e.g., storage, 

bandwidth, and processor). The cloud system should enable the consumers 

to monitor and manage their resource usage. 

Three service models are also defined in the NIT report [7], which can be 

divided into three kinds. They are Software as a Service (SaaS), Platform as a 

Service (PaaS), and Infrastructure as a Service (IaaS). These three models pro-

vides the service on different resource abstraction levels. Figure 2-1 shows the 

different provision level between the models. 

 Software as a Service (SaaS) 

SaaS means that the cloud provider specific applications running on the 

cloud infrastructure as its service. Consumers can get access to these cloud 

services using different devices of platforms. The underlying infrastructure 

of the applications are not exposed to the consumers. 

 Platform as a Service (PaaS) 

In PaaS, the consumers are provided a certain environment with a set of 

tools deployed on the cloud infrastructure, which can be programming lan-

guage, libraries, or tools supported by the cloud providers.  

 Infrastructure as a Service (IaaS) 
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If the cloud provides its service on an IaaS level, it will provide the consum-

ers some fundamental computing resources (e.g., processor, storage, and 

memory). The users are able to run any kind of programs as they want with-

out limitation. 

 

Figure 2-1 Cloud service models [8] 

2.1.2 Multi-cloud System 

Sometimes the cloud service is provided by multiple providers instead of a 

single cloud provider, which is called multi-cloud. Nowadays, more and more 

cloud service providers decide to use multi-cloud strategies in their businesses 

[9], and the main reason is to achieve fault-tolerance. With multi-cloud, people 

can reduce the risk of the data loss and the downtime caused by localized com-

ponents failure in the cloud environment [10]. Besides, multi-cloud can im-

prove the service performance and flexibility by enabling heterogeneous de-

ployment. 

However, in a multi-cloud scenario, due to the differences of the cloud pro-

viders (e.g., geo-location, data link condition, and service deployment), the re-

source allocation among data centers appears to be crucial to the service per-

formance. 

2.2 Cloud resource allocation 

In the previous section, we described the main feature of cloud computing. 
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In this section, we will focus on the resource allocation in the cloud architecture. 

In [11], Vinothina et al. give the definitions of both Resource allocation (RA) 

and Resource Allocation Strategy (RAS). According to their description, Re-

source Allocation refers to the process of assigning cloud resources to the re-

quested services, while Resource Allocation Strategy refers to the provider ac-

tivities to utilize the scarce cloud resources within a given resource-limited 

cloud system to meet the user satisfaction. 

As mentioned above, in the cloud scenario, the data center resources can be 

distributed in a wide range of areas. Through mature virtualization technolo-

gies [12], the cloud system integrates the computing resources (e.g., distributed 

servers, storage devices, and network infrastructures) into a logically unified 

virtual resource pool. The users can purchase the resources according to their 

demands with no limitation in the quantity, and it is unnecessary for them to 

know the detailed physical location of the resources. All the data center selec-

tion and VM selection work is automatically done on the cloud side with a cer-

tain resource allocation strategy. However, the data center resources can be 

over a wide distribution with an enormous amount, and the resource requests 

from the consumers also can be various. Besides, while the consumers are sat-

isfied by the services, the cloud provider should also make sure of the business 

profits [13]. Therefore, designing a proper allocation strategy for the cloud is an 

important but complex problem. 

In [13], Sudeepa et al. give a summary of the related research in cloud re-

source allocation methods. In paper [14], a resource scheduling strategy is pre-

sented which is used to maximize the efficiency. In this paper, one cloud task is 

modeled as an activity with several inputs and outputs. Due to the dynamic na-

ture of the real-time task scheduling, the value of each task should be deter-

mined by a certain performance metric. Traditionally we can use a Time Utility 

Function (TUF) associated with each task to indicate the task’s importance. In 

this paper, two types of TUFs are used to quantitatively measure the profit if 

the task is completed, and the penalty if the task is discarded. Both of the two 

TUFs are considered as the value of a task to model the real-time cloud appli-

cations. The essential principle of the scheduling is that a cloud task will be ex-

ecuted only when it can guarantee positive gain, or it will be dropped. 

In most of the cases, data center physical machines can be distributed 

across a wide range of areas, and the transmission delay will affect the data 

transmission as well as the service provision. In [15], Gihun et al. propose a 

dynamic resource allocation strategy according to the geo-location distance and 

the utilization level of a data center physical machine. Using a utility function 
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defined in the paper, the proposed allocation model can decide which data cen-

ter machine is assigned to place the virtual machine. In addition, when a phys-

ical machine’s utility level is above a threshold, the utility function can also be 

used to select a new machine for VM migration. 

The work presented in paper [15] focuses on the geographic distance be-

tween data centers and consumers, which means that the model is suitable for 

the case in which all the VM resource required by a consumer will only be as-

signed in one physical machine, once the utility level exceeds the threshold all 

the VM resource will be migrated to another physical machine. In [16], Mansoor 

et al. present a resource allocation algorithm focus more on the distance be-

tween data centers which is more suitable for the case that a user request needs 

to be allocated to multiple data centers. The basis of the allocation is the as-

sumption that the network structure within a data center is typically a hierarchy 

tree structure. The proposed algorithm uses four steps to allocate the VMs. 

Firstly, a subset of the data centers will be chosen according to a strategy that 

minimizes the longest path between any two data centers. Then each VM will 

be assigned to a certain data center with minimum inter-data center traffic. Af-

ter selecting a data center for each VM, the third step is to identify the physical 

resources within the data center to the VM. Finally, the VMs will be assigned to 

the corresponding resources with an algorithm to achieve minimum inter-rack 

traffic. 

2.3 WebRTC 

WebRTC refers to Web Real-Time Communication, is an open project that 

enables real-time communication (RTC) between browsers or mobile applica-

tions (peers) with a set of simple JavaScript API without other plugins [2]. In 

2010, Google acquired Global IP Solutions (GIPS), with $68.2 million and got 

this technique [17]. In June 2011, Google released the WebRTC source code 

[18], made this technique free and open to the public. Currently WebRTC is still 

in the stage of version1.0 and is included in W3C standards [19]. 

2.3.1 WebRTC architecture 

WebRTC allows the browsers communicate in a peer-to-peer manner, 

which is much different from the traditional client-server model used in the 

current Internet. Therefore, WebRTC consists of many different standards on 

the application and browser API level, as well as different protocols and data 

formats [3]. The overall architecture is illustrated in Figure 2-2.  

According to the architecture, the overall WebRTC can be divided into two 

different layers. The web applications developers only need to care about the 

JavaScript Web API on the top, and the browser developers will be interested 
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in the WebRTC Native C++ API.  

 

Figure 2-2 WebRTC architecture [20] 

The session management component is under the Native API layer, and is 

used as an abstract session layer to manage the detail function components 

such as Voice Engine, Video Engine, and Transport Component. 

The Voice Engine is a component implementing the voice processing chain. 

Several audio processing technologies are used in the Voice Engine. iSAC (in-

ternet Speech Audio Codec) [21] is used as the default wideband audio codec in 

WebRTC, and iLBC (internet Low Bitrate Codec) [22] is used in the narrowband 

environment. NetEQ is used as a jitter buffer to optimize the voice performance 

[23] [24]. The Echo Canceler is used to remove the acoustic echo from the mi-

crophone, and the Noise Reduction is used to remove the background noise 

from the audio stream [20]. 

The Video Engine is a component for video processing. VP8 is the default 

video codec used in WebRTC [25]. The Video Engine also contains a jitter buffer 

components used for video streams. The image enhancements are used to im-

prove the video performance such as removing video noise [20]. 

The Transport component is used for the data transmission and contains 
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the real-time transport protocol (RTP) stack. It also implements several mech-

anisms such as Interactive Connectivity Establishment (ICE) [26], Session Tra-

versal Utilities for NAT (STUN) [27], and Traversal Using Relays around NAT 

(TURN) [28], to handle the connections established across various networks. 

More about these connection mechanisms can be found in [29]. 

2.3.2 WebRTC protocol stack 

The high-level architecture of a WebRTC connection is described in Figure 

2-3. The browsers establish HTTP connections with the webserver and use RTP 

protocol for peer-to-peer connections. 

 

Figure 2-3 High-level conversation of WebRTC [30] 

In this part we will take a look at the protocol stack used in WebRTC, the 

protocol structure is presented in Figure 2-4.  

 

Figure 2-4 WebRTC protocol stack [3] 
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When we use WebRTC, the Web connections with the webserver use HTTP 

protocol on top of TCP connections like most web applications do. However, 

when it comes to the peer-to-peer data transmission between two browsers, 

WebRTC uses UDP for real-time communication with a certain level of packet 

loss tolerance. More details about the reason to use UDP instead of TCP can be 

found in [3].  

 Above the UDP layer, ICE, STUN, and TURN are used for NAT and firewall 

traversal to build peer-to-peer connection. Datagram Transport Layer Security 

(DTLS) protocol [31] is used for UDP data security which is similar to TLS pro-

tocol on TCP. Secure Real-time Transport Protocol (SRTP) and Stream Control 

Transport Protocol (SCTP) are the two application level protocols to provide 

additional functions such as congestion control and reliable delivery [3]. In 

WebRTC, SRTP is used for stream transmission, and SCTP is responsible for 

application data transmission. 

2.4 Multi-party Stream forwarding  

Traditional WebRTC only provides stream transmission in a P2P manner 

and by default doesn’t include native support for multi-party streaming. There-

fore, additional mechanisms should be used for one-to-more transmission. 

Generally there are three kinds of multi-party stream forwarding model: Mesh, 

Multipoint Control Unit (MCU), and Selective Forwarding Unit (SFU) [32]. 

2.4.1 Mesh 

In Mesh model, each participant establishes a unique P2P link to every 

other participant. When one of the participants needs to publish a stream, the 

data packets will be duplicated at the publisher side, and sent through all the 

links to the other participants. 

 

Figure 2-5 Full mesh forwarding 
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A typical Mesh model with 4 communication peers is illustrated in Figure 

2-5. For each peer in the model, there are three upload links and three down-

load links. In a mesh model with N peers, there will be N(N-1) links. Therefore, 

Mesh forwarding is easy to deploy and can achieve low latency using direct links, 

but it doesn’t have good scalability.  

2.4.2 Multipoint Control Unit (MCU) 

 In MCU forwarding model, there is a central forwarding server in the net-

work to forward the packets for the communication peers. When the server re-

ceives streams from multiple participants, it will mix all the streams into one 

stream and forward it to all participants.  

 

Figure 2-6 Multipoint control unit forwarding 

An example of MCU forwarding is given in Figure 2-6. There are four par-

ticipants in this topology, each with an uplink and a downlink to the central 

MCU server. For N participants, there will be 2N links (N uplinks and N down-

links). Therefore, using MCU forwarding we can reduce the number of links in 

the topology as well as the stream number that the client need to process [33], 

and MCU can be a good choice in a bandwidth limited system. 

2.4.3 Selective Forwarding Unit (SFU) 

 In SFU forwarding model, the participants send their streams to the central 

forwarding server, and the server decides the forwarding route for each individ-

ual stream. In most of the cases an endpoint will receive more than one stream 

separately. 



14 

 

 

 

Figure 2-7 Selective forwarding unit 

An example of SFU forwarding is presented in Figure 2-7. All the endpoint 

can receive streams from other participants separately without bothering about 

the stream demultiplexing issues in the applications. On the other hand, a more 

flexible strategy can be implemented to let the endpoints only receive the 

streams they needed instead of receiving all the streams, and will achieve a 

higher throughput compared to MCU. However, a drawback of SFU is that it 

needs more bandwidth. According to the example scenario, in a SFU with four 

participants and full communication (which means there is communication be-

tween every two endpoints), each participant needs 1 upload link and 3 down-

load links. For the case of N participants, there should be 𝑁2 links (𝑁 uplinks 

and 𝑁(𝑁 − 1) downlinks). 
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Chapter 3 Mininet and Mininet Python API 

In this project, we use Mininet as the network emulator for the develop-

ment. This chapter presents an overview of Mininet as well as its python API 

which is used in our development. 

3.1 Mininet Overview 

Mininet is a network emulator that enables people to create a realistic vir-

tual network on a single computer, which makes it an excellent tool for network 

related researches. In a virtual Mininet network, people can deploy switches, 

virtual hosts, controllers, and links according to their experiment topologies 

[34]. With Mininet, people can establish a virtual network testbed within a 

short time and get test results from it instead of building a real network with 

expensive real devices [35]. In addition, the network testing codes used in a 

Mininet environment can also be directly deployed in a real network environ-

ment without modifications.  

Mininet uses lightweight process-based virtualization to run the virtual 

hosts and switches on a single kernel [34] running the same system and user 

code. The Mininet hosts and switches run in different Linux network 

namespaces which can support separate instances of network interfaces, rout-

ing tables, and ARP tables [36]. The Mininet links between hosts and switches 

use virtual Ethernet pairs. Although the virtualization is on a process level, a 

Mininet host can do anything just like a real machine including using SSH for 

connections and running various applications on it.  

However, Mininet also has some limitations compared to a hardware-based 

experiment [37]. 

1. Running experiments on a single machine brings resource limits to the 

whole simulation. No matter how many hosts or switches you have cre-

ated in a Mininet network, they will eventually share the same resources 

on the real server and cannot exceed the total resources of the machine. 

Therefore, resource balancing needs to be considered during an experi-

ment. 

2. Mininet currently uses Linux kernel for its virtualization, which means 

that it cannot support applications depends on other operating system 

kernels. 

3. By default all the Mininet virtual devices including hosts and switches 

are isolated from the real-world internet which is more like a good thing 
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for an experiment, but that means you need some additional works (e.g., 

NAT) and modifications if you need external network connections. 

4. All the Mininet hosts share the same host file system due to the process-

level virtualization. 

3.2 Mininet Python API 

Mininet provides a set of extensible Python API for development purposes 

which can be used in other application to invoke Mininet functions. In this sec-

tion, we will have a look at some commonly used functions which are related to 

this project development work. 

1. mininet.topo.Topo 

The Topo class is the base class for a network topology, which implements 

several functions for topology creation. Some functions used in this project is 

listed in Table 3-1. 

Table 3-1 Main functions of Topo class 

Functions Descriptions 

addHost ( ) Add a Mininet host to the topology. 

addSwitch ( ) Add a Switch to the topology. 

addLink ( ) Add a link between two nodes. 

 

2. mininet.net.Mininet 

The Mininet class is the main class to create and manage a network [37]. 

Some of the functions used in this project is listed in Table 3-2 

Table 3-2 Main functions of Mininet class 

Functions Descriptions 

start ( ) Start a network. 

pingAll ( ) Ping between all Mininet hosts. 

getNodeByName ( ) Return a node object with a given name. 

 

3. mininet.node.CPULimitedHost 

This class is used for CPU limited experiments and represents a Mininet 

host with a limited CPU resource. 

4. Mininet.link.TCLink 

The TCLink class is used to set up a Traffic Control (TC) link with given pa-

rameters such as bandwidth, packet loss, and link delay. 
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Chapter 4 Multi-cloud Framework Design 

This chapter presents an overall design of the framework. Section 4.1 de-

scribes a high-level structure. Section 4.2 presents a detailed description of the 

network organization. Section 4.3 presents the design of the forwarding units 

in the cloud network. Section 4.4 presents the design of the resource allocator 

used in the framework. Section 4.5 presents the design of the stream publisher 

and subscriber which are used as benchmark applications. 

4.1 Cloud Architecture Overview 

In a real-world multi-cloud network, several data centers can be distributed 

in a wide area geographically. The cloud customers can reach the data centers 

with different link conditions. Therefore, the performance and accessibility of 

the services can be greatly affected by the processing capacity as well as the lo-

cation of the data centers. In this section, we will take a look at the cloud net-

work architecture of this thesis project. 

The overall network can be divided into two main parts: the cloud network, 

and the consumer network. The high-level network structure is illustrated in 

Figure 4-1. 

 

Figure 4-1 High level structure of the framework 
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The cloud network is owned by the cloud providers and can be further di-

vided into data center network and resource allocator network. The consumer 

hosts can talk to both of the networks at the same time. Every time there is a 

new incoming user task from the consumer network, the allocator network will 

assign a VM from the data center network for it. The allocation algorithm can 

be Round-robin or other patterns which will be further discussed later. 

In a typical multi-cloud scenario, end users can reach the cloud data centers 

with different link delays. In addition, due to the different type of the cloud ser-

vices, the connections and link capacities between the data centers and the cus-

tomers can also be different. Each cloud data center owns a various number of 

virtual machines to provide its service.  

The consumer network represents the end customers who purchase the 

cloud services. In this project, the cloud resources will be specifically used for 

forwarding WebRTC stream packets from the end users. With selective for-

warding, a host can communicate with multiple other hosts by simply sending 

a single copy of the stream to the forwarding unit instead of establishing multi-

ple connections to all the communication peers. The stream packets will be du-

plicated at the forwarder side.  

4.2 Network Topology Design 

The network is established from a configuration script. A detailed descrip-

tion of the script will be given later in the following chapters. In this section, we 

will describe the network topology establishment from a higher level. 

4.2.1 Link design 

In this framework, people can automatically generate a network topology 

with a given number of data centers and client hosts using a script. For the sim-

plicity, an example is showed in Figure 4-2.  

In the example, on the cloud side, there are 3 data centers, each with 2 VMs; 

on the client network side, there are two client groups, each with 3 client hosts.  

According to our design, the VMs within the same data center are connected 

with a data center internal switch. VMs from different data centers are able to 

communicate with each other through a high-speed inter-data center network. 

Client hosts within the same group can talk to each other through an internal 

switch. Hosts from different groups can only communicate through the cloud 

forwarding. 
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Each data center has unique direct links to all the client groups. In an ex-

periment, we can set the link parameters such as latency, packet loss, and band-

width. By default, the link latency is 5ms, packet loss is 0%, and bandwidth is 

100Mbps. Using these link parameters we can model different accessibilities of 

the data centers to the clients in our multi-cloud scenario.  

 

Figure 4-2 Example network topology 

 The resource allocator is responsible for cloud resource management. It 

monitors the running tasks in each data center, as well as allocates new tasks to 

selected data center VMs. In the topology, all the data centers and clients are 

connected to the resource allocator. When a client requests a cloud service, the 

allocator will assign a data center VM for the task, and send control messages 

to both of the data center machine and client host. The control messages will be 

described later in detail. 
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4.2.2 IP address allocation 

In this section, we will talk about the IP address allocation of the network. 

The network can be divided into five subnets: intra-data center network, inter-

data center network, consumer network, external (global) network, and re-

source allocation network. 

Intra-data center network 

The intra-data center network has a subnet address of 10.0.0.0/16. For 

data center k, the net address is 10.0.k.0/24, and the VMs in the data center 

are assigned IP addresses as 10.0.k.1/24, 10.0.k.2/24, and so on. Moreover, 

in the network of data center k, the IP address 10.0.k.1/24 is assigned to the 

gateway router connected to the external network. An example of the intra-

data center network with three VMs is showed in Figure 4-3. 

 

Figure 4-3 Intra-data center network 

Inter-data center network 

In a multi-cloud scenario, there are usually high capacity links between 

data centers. In the project, since the connection conditions between data 

centers are different, we need to build a unique link between every two data 

centers to model the inter-data center connection link. Therefore, in our 

topology, the subnet 20.0.0.0/16 is used for those inter-data center links. 

In a network with m data centers, there should be 
𝑚(𝑚−1)

2
 paths. For the 

path k, there is a subnet of 20.0.k.0/24, and the two ends of the link will be 
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assigned 20.0.k.1/24 and 20.0.k.2/24 respectively. An example of the ad-

dress assignment is showed in Figure 4-4. 

 

Figure 4-4 Inter-data center network 

 Consumer Network 

The consumer network has an IP allocation of 30.0.0.0/16, and similar 

to the data center side, in each client group there is a host running as the 

router with an IP address 30.0.k.1/24. Figure 4-5 gives an example of the 

consumer network address assignment. 

 

Figure 4-5 Client internal network 
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 External Network 

The data center and client network are connected with an external net-

work of 100.0.X.X/16. The connection structure is also similar to the inter-

data center connection since we need to have a unique link from each data 

center to each client, which means for link k, the data center side and client 

side will be assigned 100.0.k.1/24 and 100.0.k.2/24 respectively. An exam-

ple of external network is showed in Figure 4-6. 

 

Figure 4-6 External network 

 

Resource Allocation Network 

Finally, we also have a subnet for resource allocation, that network is 

used for the connection between the allocator and the data center as well as 

the clients. All the resource control messages will go through this network. 

The network is assigned an IP address of 40.0.0.0/24 with a tar topology 

as showed in Figure 4-7. 
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Figure 4-7 Resource allocation network 

4.3 Forwarding Unit Design 

In previous sections we have talked about the concept of selective forward-

ing unit (SFU). In this section, we will further take a look at the selective for-

warding pattern used in our network. 

As mentioned earlier, WebRTC streams are forwarded through cloud data 

centers. One published stream can have multiple stream receivers. Using selec-

tive forwarding unit, the stream publisher only needs to send one copy of the 

stream data to the cloud forwarder. After receiving the data, the forwarder du-

plicates the data packets and sends them to different receivers.  

 

Figure 4-8 Selective forwarding unit design 
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Figure 4-8 gives an example of WebRTC stream multicast with 1 publisher 

and 3 subscribers. In this scenario, the stream transmission only needs 1 upload 

link to send the media resource and 3 download links for receiving. Compared 

with the traditional way of establishing a P2P connection to each of subscribers, 

the selective forwarding pattern only needs one-third of the uplink cost and 

thus can save plenty of resources in a large-scale cloud network.  

4.4 Resource allocator design 

When a stream request is sent to the cloud, the resource allocator will assign 

the forwarding task to a data center VM according to the allocation algorithm 

which is designed as a module in the allocator. The algorithm can be deter-

mined with a startup option. This section describes the resource allocation al-

gorithms implemented in the cloud architecture. 

4.4.1 Round-robin allocation 

Round-robin (or RR in short) is the default allocation algorithm. In Round-

robin allocation, every time there is a new stream coming into the cloud, the 

allocator will select a data center VM as a forwarder in a round-robin pattern 

for load balancing.  

4.4.2 Minimum load allocation 

Round-robin is the simplest way to implement, and is able to work well on 

many cases. However, if there is one or more streams with much more subscrib-

ers than the rest streams, which means some of the forwarders have a much 

heavier work load than the others, round-robin will then possibly lead to a bad 

or unbalanced performance. 

In minimum load allocation (or Min-Load allocation in short), the allocator 

will choose the forwarder with minimum workload for an incoming task. Spe-

cifically, in minimum load allocation algorithm, when a new stream comes, the 

allocator will first check the current running stream numbers of all the data 

center VMs and then select the one with fewest running tasks. If more than one 

cloud VMs are working with the same minimum load, it will select one from 

these forwarders with a round-robin pattern. 

4.4.3 Minimum distance allocation 

Minimum distance allocation (or Min-Dist allocation in short) takes the 

distance between the client host and the data center into consideration. This 

algorithm is design for the cases in which the data centers are distributed across 

a wide area, which is usually true for a multi-cloud scenario. 

If we use minimum distance allocation algorithm, every time there is a new 
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stream task, the allocator will check the location of the client hosts, and com-

pare the distances to the data centers. In real cases, this can be done by parsing 

the IP addresses of the client hosts so as to get their geo-locations. In our test 

cases, for simplicity we will consider the link latencies between client hosts and 

data centers as the distances. The latencies can be configured manually in the 

topology file before the experiment. 

After comparing all the distances, the allocator will pick the closest data 

center to forward the stream. The goal of this allocation is to try to put the cloud 

resources as close as possible to the users in order to reduce the link latencies 

that will affect the performances. 

4.5 Publisher/Subscriber design 

In this project, the stream communication peers are designed under a pub-

lish/subscribe model. One client publishes a stream, other clients can subscribe 

it. For simplicity, our framework does not include functions for the subscribers 

to monitor the registered streams and cannot get the knowledge of the regis-

tered stream from the network. This is reasonable in the real-world since a pub-

lisher-subscriber pair is likely to belong to the same vendor or architecture, and 

is able to communicate in using other ways in addition to the stream session 

path. Therefore, in our project we assume that the communication peers have 

a certain kind of pre-communication for the stream sessions, and have enough 

priori knowledge to establish the real-time communication. In this way we can 

simplify the stream establishment procedure and focus on the stream transmis-

sion part.  

4.5.1 Publisher design 

In this part, we will talk about the design of the stream publisher in our 

framework. If a client host wants to publish a stream, first it needs to send a 

Publish Request message to the allocator. The request message contains neces-

sary information of the stream such as the stream name, bitrate, source IP ad-

dress, and so on. After receiving the request message, the allocator will reply to 

the publisher with a Publish Reply message as an acknowledgement. Then the 

publisher will wait for the first subscriber to join the stream. Note that the 

stream will not start until there is at least one subscriber to join it. 

When another client host subscribes this stream, the allocator will send a 

Stream Start message to the publisher. From this message, the publisher can 

get the forwarder address for the stream, and starts to send media data to the 

forwarder. When the stream ends, publisher will send a Stream Finish message 

to the allocator to close the stream. 
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4.5.2 Subscriber design 

In the previous section, we discussed the design of the publisher. In this 

section, we will take a look at the subscriber application in our testbed network.  

As we mentioned before, we assume that a subscriber has some necessary 

priori knowledge of the stream that it wants to receive. When the subscriber 

starts, first it will send a Subscribe Request to the allocator which contains the 

information of the stream name and receiving port. After receiving the request, 

the allocator will send a Subscribe Reply back to the subscriber. At the same 

time, the allocator will also inform the publisher to begin the stream. The sub-

scriber will keep listening on the receiving port for incoming stream data until 

it received the Stream Finish message. Figure 4-9 illustrates the stream pub-

lish/subscribe procedure of the framework. 

 

Figure 4-9 Stream publish/subscribe procedure 
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Chapter 5 System Architecture Implementation 

This chapter presents a detailed implementation of the framework. Section 

5.1 gives a general description of the programs and scripts used in the project. 

Section 5.2, section 5.3 and section 5.4 present the implementation of each 

functional parts of this platform as well as the streaming applications. 

5.1 Overview of the framework development 

In this thesis project, the simulation framework is developed using python 

2.7 along with Mininet Python API. In this section, we will first have a look at 

the main function modules. Then in following sections, we will talk about the 

implementation of each module in detail. 

From a high-level view, the total programs of this project can be divided 

into two main parts: cloud establishment and experiment. In the cloud estab-

lishment part, we build a virtual network and run cloud applications on the for-

warders and resource allocator hosts in the network. In the experiment part, we 

run publisher and subscriber applications on client hosts to test the cloud per-

formance. 

This section will present a general running process of the framework from 

a perspective of the file organization of this project. 

The file main.py is the entry of the whole program which is responsible for 

building the network as well as running the experiments codes by calling func-

tions in other files. 

The network establishment functions are included in data center.py. After 

the main program reads the topology parameters from a configuration file new-

topo.conf, it will call functions in data center.py to build the network. Besides, 

data center.py also exposes the methods to run the applications on the mininet 

host machine. Detail will be discussed in the following section. 

Cloud services are included in allocator.py and forwarder.py. These two 

programs implement the resource allocation and stream forwarding functions 

by running them on corresponding cloud hosts. 

After the environment is established, we can then run the stream experi-

ments using autopublisher.py and autosubscriber.py on the client hosts. The 

experiment parameters are stored in experiment.conf file.  

An automation script run.py can help users to configure the experiment 
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parameters and run the experiment in a very convenient way. The script 

dataprocess.py is used to analyze the experiment result data. Table 5-1 gives 

descriptions of the project codes. 

Table 5-1 Project code specification 

File name Description 

main.py Main code to build the network and run experiment. 

data center.py Implements network establishment functions. 

allocator.py Implements resource allocation. 

forwarder.py Implements data forwarding. 

autopublisher.py Code to run stream publisher. 

autosubscriber.py Code to run stream subscriber. 

run.py Automation script to run experiment. 

dataprocess.py Generate result file from testbed output. 

5.2 Network implementation 

In this section, we will talk about the implementation of network establish-

ment in this project. 

5.2.1 Configuration file 

The experiment network is generated from a configuration file which con-

tains necessary network parameters (e.g. data center numbers, VM numbers, 

client group numbers, and so on). An example of the file is showed in Figure 

5-1. 

Using #Data center and #Client flags we can determine the host (or VM) 

numbers within a data center or a client group. In this example file, it describes 

a network with 3 data centers and 2 client groups. We set the name of data cen-

ters as data center A-C, and the name of client groups as client A-B. Each data 

center has 2 VMs, while each client group has 4 hosts.  

Flag #Link is used to set the link parameters between the data centers and 

clients including the delay, packet loss, and bandwidth. If a link is not described 

in the configuration file, the default parameters will be 5ms delay, 0% packet 
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loss and 100Mbps bandwidth. In this example, The link between data center A 

and client A has 10ms delay, 100Mbps bandwidth, 0% packet loss, and the link 

between data center A and client B has 5ms delay,10Mbps, 0% packet loss. 

 

Figure 5-1 Example configuration file 

During an experiment, we can control the proportion of CPU resources on 

the real machine that is assigned to the certain data center. #CPUlimit flag is 

used to enable CPU limited configurations. In this example, each data center 

will use 20% of the total CPU resource on the real machine. 

5.2.2 Topology establishment 

 After the main program starts, it will parse the configuration file to get the 

network parameters. The main application creates the network topology class 

by using CloudTopo class which extends from RouterTopo class implemented 

in data center.py file. Most of the establishment works are done in RouterTopo 

class functions, including create Mininet hosts, switches, and links according to 

the configuration parameters, configure all the interfaces and routing tables on 

each hosts. Note that all the routers of data centers and client groups are also 

implemented using Mininet hosts with Linux commands to open the ipv4 for-

warding functions. Table 5-2 lists the functions implemented in RouterTopo 

class for network establishment. 
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Table 5-2 Functions in for network establishment 

Functions Descriptions 

addDCRouter ( ) Add a data center with given number of VMs. 

addCLRouter ( ) Add a client group with given number of hosts. 

addAllocator ( ) Add resource allocator to the network. 

connectDCRouter ( ) Add inter-data center connections. 

connectDCtoCL ( ) Add external links between data center and clients. 

connectAllocator ( ) 

configDCRoute ( ) 

configCLRoute ( ) 

Connect the allocator to all data centers and clients. 

Configure the routing of data center network. 

Configure the routing of client group network. 

configExtRoute ( ) Configure the routing of global network. 

configAllocateRoute ( ) Configure the routing of allocator network. 

 

5.3 Cloud services implementation 

 The two files allocator.py and forwarder.py implement the resource allo-

cation and stream forwarding function in the cloud network. They run inde-

pendently as separate programs on the cloud hosts after the network is estab-

lished. This section describes the implementation of these services. 

5.3.1 Resource allocation 

The allocator application is responsible for assigning data center resources 

for the client tasks. While the tasks are running, the allocator will also monitor 

the data center status and manage the data center resources. In this part we will 

describe the implementation of the resource allocator. Figure 5-2 illustrates 

the work flow of the allocator on a high level. 

The allocation function is implemented in the file allocation.py. When the 

allocator program starts, it will start a socket on port 5000 for receiving stream 

requests. There are three types of messages that can be sent to the allocator: 

Publish Request message, Subscribe Request message and Stream Finish mes-

sage.  
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Figure 5-2 Allocator workflow 

On receiving Publish Request message from a publisher client, the allocator 

will first keep a record of the publisher and reply with a Register Success 

acknowledgement.  

On receiving Subscribe Request message from a subscriber, the allocator 

will first check if the requested stream is in the recorded stream list. If the 

stream exists, then the allocator will send a Register Success acknowledge back 

to the subscriber. After that, the allocator will check a stream forwarding list 

which contains the streams currently being forwarded with its data center ad-

dress. If a stream is contained in the list means that the stream is during its 

transmission, the allocator will send the subscriber with the forwarder address. 

If the stream is not included in the list which means it hasn’t started yet, then 

the allocator will assign a new data center VM for the stream forwarding task 

according to the allocation algorithm.  

There are three allocation algorithms in our current implementation: 
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Round-robin algorithm, minimum load algorithm and minimum distance algo-

rithm. More details about the algorithms are included in previous chapter about 

the system design. Each algorithm is implemented as a separate function mod-

ule and will return the selected data center VM address. 

After choosing the forwarder, the allocator will send Stream Config mes-

sage to the selected cloud VM with a set of forwarding configuration including 

the forwarding port, publisher IP address, subscribers IP address and receiving 

port. Finally the allocator will send Stream Start message to the registered pub-

lisher to start the stream. 

When there is Stream Finish message received from a publisher, the allo-

cator will inform the subscriber hosts by sending Stream Over message, and 

then it will remove the forwarding resource (port) for the stream from the data 

center VM. 

5.3.2 Stream Forwarder 

In this section we will talk about the forwarder implementation. All the 

streams sent to the cloud will be forwarded through the data center VMs. The 

high level structure of a forwarder is depicted in Figure 5-3. 

 

Figure 5-3 Forwarder structure 

A forwarder application uses multi-thread to forward different streams. 

When the forwarder starts, it will first create a socket listening on port 6000 in 

a main entry thread to receive the control message from the allocator. 
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On receiving the Stream Config messages, the forwarder will get the map-

ping of a publisher-subscriber pair and a stream receiving port. Then the for-

warder will check if the port is free or currently working on a stream. If the 

stream is running, the forwarder will combine the new subscriber address to 

the stream forwarding list. If the port is free, the forwarder will start a new 

thread to open a forwarding socket for this stream.  

During the forwarding, every time the forwarding thread receives a new 

stream data packet, it will check if it is a Stream Finish packet. If so, the for-

warder will close the current forwarding socket. Figure 5-4 illustrates the 

workflow of a forwarder. 

 

Figure 5-4 Forwarder workflow 

5.4 Stream communication implementation 

In this project, we design the stream communication under a publish/sub-

scribe model. One client publishes the stream, one or more clients can subscribe 

this stream. In this section we will talk about the implementation details of the 
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stream communication. 

5.4.1 Stream publisher 

The publisher functions are included in autopublisher.py file. When start-

ing the publisher program, we can use startup options to set stream bitrate, 

stream duration and stream name. A general input is showed in Figure 5-5. 

 

Figure 5-5 Example publisher input parameters 

The example starts a publisher with 5 streams named stream1 to stream5, 

each with 50Kbps bitrate and lasts 100 seconds.  

When the publisher starts, it will set the streams according to the given in-

puts, if some part of the input is missing, the default bitrate is 1Mbps, and the 

duration is 10s. 

The publisher uses separate threads for different streams. In the example, 

the program will start 5 threads to publish these streams separately. 

To publish a stream, a publisher will first send a Publish Request message 

to the allocator. On receiving the Register Success acknowledgement message, 

the publisher will keep listening on the receiving port to wait for the first sub-

scriber to join the stream. If there is a subscriber join this stream, a Stream 

Start message will be received and the publisher will start to publish the stream. 

In our project, the stream will be simplified as a set of UDP stream packets 

with the same dimension as WebRTC packets. That is to say, we simulate the 

stream on a UDP level and did not further extend our study into real WebRTC 

traffic due to the limitation of the study scope. The reasons and details are dis-

cussed in Chapter 1. 

To simulate the UDP traffic with stream characteristics, we need to gener-

ate data with the same size and divided them into several frames. Once the pro-

gram gets the stream bitrate from the input, it will calculate the data length for 

each frame. By default the streams are 50 frames per second, which means the 

length of one frame is 1/50 of the one second stream, and we need to send it 

every 1/50 second. Besides the real stream payload, the UDP data packets also 

include extra information like packet sequences, timestamps, and the stream 

name for benchmarking purposes. 
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The publisher will also calculate the total frame number according to the 

time duration. After the stream finishes, the publisher will send a Stream Finish 

message to the allocator, and close the publish socket. Figure 5-6 illustrates 

the publisher workflow. 

 

Figure 5-6 Publisher workflow 

5.4.2 Stream subscriber 

 A stream subscriber is implemented in autosubscriber.py. Similar to a pub-

lisher, when a subscriber starts we can use startup options to indicate the 

stream id to be subscribed. For example, a subscriber of stream1 to stream3 can 

be started as showed in Figure 5-7. 
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Figure 5-7 Example subscriber input parameters 

When subscriber program starts, it will start multiple threads to subscribe 

different streams separately. On each subscriber thread, it will first send a Sub-

scribe Request message to the allocator address. If the stream exists, it will re-

ceive a Register Success message, then the subscriber will begin to receive the 

data, until receive a Stream Over message. Figure 5-8 illustrates the structure 

of the subscriber. 

 

Figure 5-8 Subscriber workflow 

 

5.5 Cloud applications running methods 

In section 5.3 and 5.4 we described the implementation of the applications 

for cloud services and streaming. This section describes how these applications 

are integrated into our experiment framework. 

In Mininet python API, we can send a Linux command to a host by using 

cmd ( ) method, and get the output through the return value of the function. An 
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example to use the cmd ( ) function in Mininet is showed in Figure 5-9. 

 

Figure 5-9 cmd ( ) function example in Mininet 

In our project, we use the same way to start our applications from the cloud 

framework. To run a cloud application, the network class will call the cmd ( ) 

function of that node (Mininet host) object with a Linux command to start the 

application on it. All these methods are also implemented in RouterTopo class 

in the file data center.py together with the network establishment functions. 

The functions are listed in Table 5-3. 

Table 5-3 Functions in for running applications 

Functions Descriptions 

runForwarder ( ) Run a forwarder application on a host. 

runAllocator ( ) Run an allocator application on a host. 

runPublisher ( ) Run a stream publisher on a host. 

runSubscriber ( ) Run a stream subscriber on a host. 

 

5.6 Overall Framework architecture 

The previous sections describe the detailed implementation of each com-

ponent. This section presents the overall running procedure of the system. 

The running procedure of the framework is described in Figure 5-10. The 

blue lines refer to the python class methods invocation, while the red lines refer 

to the Mininet cmd ( ) method to run stand-alone applications. 
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Figure 5-10 Overall running procedure of the framework 
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Chapter 6 Platform Evaluation 

In previous chapters we talked about the design and implementation of the 

cloud architecture. This chapter presents several functional tests and perfor-

mance evaluations. 

6.1 Test Environment 

In this project, all the tests are deployed in a virtual machine running on a 

single laptop. The virtualized tool is VMware® Workstation 12 Pro running un-

der Window 7, and the operation system running on the virtual machine is Ub-

untu 14.04 LTS. Detail information about the physical and virtual environment 

is presented in Table 6-1. 

Table 6-1 Test Environment Specification 

Environment Components Description 

Physical machine Processor  Intel ® Core™ I5-5200U @ 2.20GHz 

 Memory 8GB 

 OS Windows 7 Home Basic 

 System type x64-based PC 

Virtual machine Processor core 4 

 Memory 4GB 

 System Ubuntu 14.04 LTS 32-bit 

 

In some experiments we will limit the CPU fraction assigned on data center 

hosts. By default the mininet host CPU is not limited if not mentioned. The pro-

ject is tested with Mininet 2.3.0, and all the testing script uses Python 2.7. 

6.2 Benchmark settings 

 Several metrics and benchmarks are used to test the performance and func-

tions of the framework. In this section, we will present the necessary bench-

marks implemented in our testbed. 
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6.2.1 Stream delay measurement 

In our analysis, we use stream delay as a metric of the performance. To 

measure the average delay of a stream, when a publisher sent out a data packet, 

it will add a timestamp in the packet of the sending time. Using the sending 

timestamp and the receiving time the subscriber calculates the delay of each 

packets and get an average delay of each stream. After the experiment finishes, 

the script will calculate the average delay of these streams.  

6.2.2 Packet loss measurement 

 During the stream transmission, the data packet loss is also an important 

metric of the stream performance. In our design, all the data packet contains a 

packet sequence number which represents its position in a stream. When a sub-

scriber receives a packet, it will check all the packet sequences and calculate the 

packet loss value by using the number of missing packets. Note that the method 

that we used to calculate the packet loss cannot detect the packets loss hap-

pened at the very beginning of the received stream data because the subscriber 

may not join the stream from the beginning of the stream which means the first 

received packet sequence is not necessarily to be 1. Therefore, we can only con-

sider the first incoming packet as the start of the sequence, and calculate the 

packet loss after that. Similar to the stream delay calculation, after the experi-

ment finish, the script will calculate an average value of the packet loss for all 

the streams. 

6.2.3 Received bitrate measurement 

 In a stream transmission, although we can control the sending bitrate at the 

publisher side, the received bitrate may not be the same value due to the queu-

ing, jitter, or packet loss during the transmission. Therefore, we need to meas-

ure the actual received bitrate of a stream at the subscriber side.  

Every time when a subscriber receives a data packet, it will check the data 

length and keep a record of the amount of total received data. When a stream 

finishes, the subscriber will record the stream duration and calculate the bitrate 

for each stream.  

6.2.4 Stream number measurement 

 Every time we run a streaming experiment, we will get a stream number 

output that describes the number of running streams in each data center ma-

chines during the experiment. The stream numbers are measured at the re-

source allocator side. Every time the allocator assigns a stream to a data center 

machine, the number of the stream running on that machine will increase by 

one. In our measurement, we define the stream number as the output stream 
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number of a forwarder which represents the real workload of a forwarder. In 

other words, a scenario in which one published stream has two subscribers is 

considered to be two streams in the result. 

6.2.5 Forwarder throughput measurement 

 In our evaluation, another key metric of the system is the throughput of the 

forwarder since the forwarding throughput can directly reflect the work load of 

a data center machine. Therefore, we implement the measurement of the 

throughput in the forwarder program. 

 As mentioned earlier, the forwarder starts a separate thread for each stream. 

In these forwarding threads, every time a packet is sent out, the program will 

keep a record of the data length. The program checks the total amount of the 

forwarded data every seconds, and keep the number as the real-time through-

put in terms of bit per second (bps). During the experiment, the throughput of 

different streams will be recorded in separate files. After the experiment fin-

ishes, a script will be used to calculate a total throughput of the each data center 

machines. Similar to the stream number, here we consider the throughput as 

the output throughput, which means if one stream has multiple subscribers, 

then the result is a total sum of the throughput to all the subscribers. 

6.3 Analysis of CPU effect on stream delay 

In the cloud simulation, the CPU resource can greatly affect the stream de-

lay. When there are more stream running in the system, the forwarding work-

load will become higher, and the delay will increase. Besides, the stream bitrate 

will also affect the forwarding performance since a higher bitrate means the 

forwarder needs to process more data within a period.  

In this section, we will use three experiments to show the CPU effects on 

the stream performance.  

In the first experiment (section 6.3.2), we measure the stream delay with 

fixed CPU resources (no-limited CPU) and change the stream bitrates to see 

how the real machine CPU capacity limits the streaming performance. In the 

second experiment (section 6.3.3), we measure the delay with a fixed stream 

bitrate, and evaluate three different CPU limited scenarios. Finally, in the third 

experiment (section6.3.4), we measure the delay with different stream numbers. 

6.3.1 Test topology description 

 In this test case, we use two client machines, one for the publisher and the 

other for the subscriber. The publisher generates multiple streams with differ-

ent bitrates, and the subscriber receives these streams at the same time. On the 
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cloud side, there are three data centers, each running 2 VMs in it.  

The backbone links between the data center network and client network all 

have a bandwidth of 100Mbps which is enough to send all the streams without 

packet loss. Therefore, the packet delay will only affected by the CPU capacity. 

In this network, the link latency is 5ms and the link packet loss is 0%. The to-

pology is showed in Figure 6-1, note that the allocator network is not showed 

in this figure since it is the same for all the test cases.  

 

Figure 6-1 Topology for CPU test cases 

6.3.2 Stream delay with different bitrates 

In this experiment, we are going to measure the effect of stream bitrate on 

the stream delay. We will run three kinds of streams respectively with bitrates 

50Kbps, 500Kbps and 1Mbps. All the streams last 300 seconds with 50 frames 

per second. In this test case, the host CPU bandwidth is not limited which 

means that the data center hosts can use all the local machine CPU bandwidth 

(quad-core 2.2GHz CPU). All the streams are sent from one client host through 
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the cloud forwarder to another. The stream number increases from 10 to 200 

with an interval of 10, and we get the stream delay by using the timestamp 

benchmarks set in our publisher and subscriber applications. A more straight-

forward description of the test cases is listed in Table 6-2, and the experiment 

result is showed in Figure 6-2. Result data can be found in Appendix A. 

Table 6-2 Stream delay with different bitrates 

 Bitrate 

(bps) 

Duration 

(s) 

CPU limit Allocation Stream number 

Case 1 50K 300 No limit Round-robin 10-200 

Case 2 500K 300 No limit Round-robin 10-200 

Case 3 1M 300 No limit Round-robin 10-200 

 

 

Figure 6-2 Stream delay with different stream bitrates 
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with the increase of stream number after a threshold value. At the beginning, 

the delays fluctuate at a low level from 10ms to 20ms, but when the workload 

reaches the CPU capacity limit, the delays increase rapidly. A higher rate stream 

is easier to reach the threshold with a lower stream number. From the data re-

sult, for 50Kbps stream the stream number threshold is 160; for 500Kbps 

stream the threshold is 150, and for 1Mbps stream the threshold is 130. 

6.3.3 Stream delay with different CPU limits 

The previous experiment shows how the stream bitrate adds processing de-

lay to the stream transmission with fixed CPU resources. In this experiment we 

will measure the stream delay in CPU limited scenarios. 

In Mininet, we can limit the CPU bandwidth using CPULimitedHost class. 

A CPU limited host will only using a certain proportion of the physical CPU as 

its computing resource according to the settings. 

In each test case, the data centers are assigned a certain amount of CPU 

fraction, and the stream bitrate are fixed to 50Kbps. More details of the exper-

iments are listed in Table 6-3. The result is showed in Figure 6-3. Result data 

can be found in Appendix B. 

Table 6-3 Stream delay with different CPU limits 

 Bitrate 

(bps) 

Duration 

(s) 

CPU limit Allocation Stream number 

Case 1 50K 300 10% Round-robin 10-200 

Case 2 50K 300 15% Round-robin 10-200 

Case 3 50K 300 20% Round-robin 10-200 

 

From the results, for all the three CPU limited cases, the stream delay rises 

with the increase of stream number since the streams costs more process re-

sources and will further cause more processing delay. In addition, compare the 

results from different cases, we can see a lower CPU limit will cause a higher 

processing delay. 
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Figure 6-3 Stream delay with different CPU limits 

 

6.3.4 Stream delay with different stream numbers 

In this experiment we will measure how the stream delay changes with dif-

ferent stream numbers. 

Similar to the previous experiment, in this case we also use the CPULim-

itedHost to implement CPU limits on the data center VMs, and the stream num-

ber is set to 20, 40, and 80. For all the three test cases, the stream bitrate is 

50Kbps the stream duration is 300s, and the CPU limit increases from 10% to 

20% with an interval of 1%. The experiment details are listed in Table 6-4, and 

the result is showed in Figure 6-4. Result data can be found in Appendix C. 

From the results, in all the three cases, the stream delay decreases with the 

increase of the CPU limits assigned to the data center VMs. In addition, a higher 

stream number running on the data center will cause a higher processing delay. 

The reason is that more CPU resources and less workload can both lead to a 

lower processing delay. 
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Table 6-4 Stream delay with different stream numbers 

 Bitrate 

(bps) 

Duration 

(s) 

CPU limit Allocation Stream number 

Case 1 50K 300 10%-20% Round-robin 20 

Case 2 50K 300 10%-20% Round-robin 40 

Case 3 50K 300 10%-20% Round-robin 80 

 

 

Figure 6-4 Stream delay with different stream numbers 
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The detailed allocation strategies are described earlier in the report. In this sec-

tion, we run tests in different streaming scenarios and compare the perfor-

mances of the allocation algorithms.  

6.4.1 Round-robin allocation and minimum load allocation 

By default we use Round-robin allocations in our cloud framework. Round-

robin allocation can perform well in most of the cases, however, if there is 

stream with a large number of subscribers, all these subscribers should be allo-

cated to the same forwarder, and the forwarder machine will have a workload 

much heavier than the other machines. If we still run Round-robin allocation 

for the data center selection, then the allocator will keep assign the incoming 

streams to the data centers one after another regardless of the workload, and 

this will cause a poor performance. In this section we will simulate such a sce-

nario, and evaluate the performances of the two allocation algorithms. 

In this experiment, we will test the case with 50 streams, Stream1 is a large 

stream with 15 subscribers, while the other 49 streams (Stream2 to Stream50) 

run only with single subscriber. Detailed information about the streams are 

listed in Table 6-5. 

Table 6-5 Stream information for RR and Min-Load comparison 

 Bitrate 

(bps) 

Duration 

(s) 

CPU limit Allocation Stream number 

Case 1 50K 300 No limit Round-robin 1×15+49×1 = 64 

Case 2 50K 300 No limit Minimum load 1×15+49×1 = 64 

 

Figure 6-5 illustrates the stream number on the forwarders when using 

Round-robin allocation in the system. The red line represents VM1 in Data cen-

ter A with the large stream running on it. When the stream is allocated to the 

machine, the workload directly rises up to 15 streams, which is much higher 

than the other forwarders. However, with Round-robin allocation, when there 

are new streams continuously going in to the testbed, the allocator will still al-

locate new stream on this overloaded machine. From the result, with Round-

robin allocation, the peak workload of the overloaded machine is 23, while the 

peak load of the other five machines is 8. We can see a very unbalanced work-

load distribution among these data center machines. 
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Figure 6-5 Stream number of Round-robin allocation 

 

Figure 6-6 Stream number of Min-Load allocation 

0 20 40 60 80 100 120
0

5

10

15

20

25

Time (second)

R
u
n
n
in

g
 s

tr
e
a
m

 n
u
m

b
e
r

Stream Numbers with Round robin allocation

 

 

dcA-1

dcA-2

dcB-1

dcB-2

dcC-1

dcC-2

0 20 40 60 80 100 120
0

5

10

15

20

25

Time (second)

R
u
n
n
in

g
 s

tr
e
a
m

 n
u
m

b
e
r

Stream Numbers with Minimum load allocation

 

 

dcA-1

dcA-2

dcB-1

dcB-2

dcC-1

dcC-2



49 

 

 

Figure 6-6 illustrates the stream number result of minimum load algo-

rithm with the same test case. The result shows that with minimum load allo-

cation, once the data center machine receives a large stream, the allocator will 

avoid further allocate new stream to this data center machine, and the other 

stream load will be equally shared by all the rest data center machines. In this 

test case, the peak load of the cloud system is 15. For the rest 5 data center ma-

chines, 4 of them have a peak load of 10 and 1 of them has a peak load of 9. 

The stream latency performances are compared in Table 6-6. Due to the 

high workload in the first data center VM, Round-robin allocation will get a 

higher stream delay than minimum load allocation which is caused by the high 

processing delay. 

Table 6-6 Performance of RR and Min-Load allocation 

Algorithm Stream number 
Received bitrate 

(bit/s) 

Average delay 

(s) 

RR 64 44229.1357 0.018625 

Min-Load 64 44258.8899 0.017541 

 

6.4.2 Round-robin allocation and minimum distance allocation 

In most multi-cloud scenarios, the cloud data centers as well as the end us-

ers can be distributed over a wide area, and the link latency will be a key factor 

of the stream performance. To overcome this problem and reduce the stream 

latency, we need to consider the data center distances in our data center selec-

tion algorithms. In our framework we implement minimum distance allocation 

for geo-distributed cases. In this section we will compare the performance of 

the round-robin allocation and minimum distance allocation. 

In our simulation, we assume the physical distance between two nodes can 

be represented by the latency of the link. Therefore, with this assumption we 

can model a network topology with different distances between every two nodes. 

In addition, in our algorithm, the allocator only considers distance from the 

publisher to the forwarder, although the distance between the subscriber and 

the forwarder can also affect the performance, it is hard to control the locations 

of distributed end users in the real cases. In this experiment, the topology is the 

same with the one showed in Figure 6-1. Here we set the latencies from the 

publisher to three data centers to 10ms, 20ms and 30ms respectively as showed 

in Figure 6-7 and keep the other links with the previous latency (5ms), and 
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evaluate the performances of Round-robin allocation and minimum distance 

allocation. 

 

Figure 6-7 Latencies between client hosts and data centers 

In this experiment, the publisher publishes 60 streams, each stream with 

one subscriber from the other client host. Experiment details are showed in Ta-

ble 6-7. 

Table 6-7 Stream information of RR and Min-Dist comparison 

 Bitrate 

(bps) 

Duration 

(s) 

CPU limit Allocation Stream number 

Case 1 50K 300 No limit Round-robin 60 

Case 2 50K 300 No limit Min-Dist 60 
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Figure 6-8 and Figure 6-9 illustrate the stream number result of Round-

robin allocation and minimum distance allocation respectively. As we can see, 

Round-robin allocation does not provide the awareness of distance and packet 

latency, and will keep allocate streams on the data centers one after another 

even the data center may have a long distance from the client hosts. While in 

the case of minimum distance allocation, the allocator will allocate the streams 

to the two VMs in the nearest data center (data center A). In Round-robin case, 

although all the data center VMs are able to work on a similar workload, the 

performance can still be bad when the link latency becomes a leading factor of 

the performance instead of the processing delay.  

The performance result is showed in Table 6-8. In this experiment, 

Round-robin allocation achieves a latency of 29ms while minimum load alloca-

tion achieves a lower latency of 22ms. 

 

Figure 6-8 Stream number of Round-robin allocation 
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Figure 6-9 Stream number of Min-Dist allocation 

 

Table 6-8 Performance of RR and Min-Dist allocation 

Algorithm Stream number 
Received bitrate 

(bit/s) 

Average delay 

(s) 

RR 60 45860.97373 0.029592 

Min-Dist 60 44396.117653 0.022478 

 

6.4.3 Conclusion of the three algorithms 

In the previous two sections we compare the performance of Round-robin 

allocation, minimum load allocation, and minimum distance allocation in dif-

ferent cases, and found that if we need to handle a stream task with a large 

number subscribers, then Min-Load allocation can achieve a better perfor-
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the physical distances and link latencies, then the location-aware Min-Dist al-

location will achieve a better performance. 

In most of the real cases, the situation will not be ideal as we configured in 

our experiment, and the processing delay and link latency can both affect the 

performance. In these cases, we need to balance the two factors and focus on 

the more significant one when we choose the allocation algorithm. 

6.5 Integrated functional test 

In the previous sections we have evaluated the performances of different 

streams and allocation algorithms. In these experiment we have showed some 

of the functionalities of the framework for simulations as well as benchmarks 

to some extent. However, these testing cases are somewhat ideal and not likely 

to happen in the real world. For example, the subscriber may not join the stream 

one by one with the same time intervals from the beginning (as what we set in 

the experiments to make the results more intuitive).  

In this section, we will present a simulation of a more complicated and life-

like case, in order to demonstrate the use of our framework with an integrated 

perspective. 

 

Figure 6-10 Functional test topology 
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6.5.1 Topology description 

As showed in Figure 6-10. Company A provides its multi-cloud service 

with three data centers. Data center A (dcA) and Data center B (dcB) are large 

data centers with 5 VMs in it, and Data center C (dcC) is a small data center 

with 2 VMs in it. The company equipped the two large data centers with 

100Mbps high speed links (blue lines), and gives the small data center relatively 

lower speed links with 50Mbps bandwidth (red lines). 

The cloud consumers are from three different residential areas, we call 

them residential area A (raA), residential area B (raB), and residential area C 

(raC). There are 2 users from raA, 3 users from raB and raC. All the three data 

centers can reach the data centers with different distances as listed in Table 6-

9 (the distance is represented as link latencies). 

Table 6-9 Functional test link parameters 

Link Bandwidth (bps) Latency (ms) 

raA – dcA 100M 20 

raA – dcB 100M 30 

raA - dcC 50M 50 

raB – dcA 100M 40 

raB– dcB 100M 50 

raB - dcC 50M 40 

raC – dcA 100M 50 

raC – dcB 100M 40 

raC - dcC 50M 30 

  

6.5.2 Stream description 

There are 60 multi-cast streams in this scenario. To avoid making the case 

too much complicated, we only use 2 publishers here. Stream1-stream30 are 

published from one of raA host, while Stream31-stream60 are published from 
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one of raB host. Both of the streams have several subscribers from other resi-

dential areas. The publish/subscribe relation is showed in Figure 6-11. In the 

figure, the red lines are the streams (1-30) published by the first publisher, and 

the blue lines are the streams (31-60) published by the second publisher. An 

annotation of P: X-Y means a publisher that publishes streamX to streamY, and 

the S: X-Y means a subscriber that subscribes streamX to streamY. 

 

Figure 6-11 Stream publish/subscribe relation 
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Table 6-10 Functional test stream information 

Stream Bitrate 

(bps) 

Duration 

(second) 

Publisher Subscriber 

Stream1-30 50K 200 raA host1 raB host1 

raB host2 

Stream31-60 100K 300 raB host3 raA host2 

raC host1 

raC host2 

raC host3 

 

Finally, in our framework, the streams can start at different time, and the 

subscribers are also able to join the streams at any time during the stream trans-

mission. To demonstrate this, here we also design a join-flow of the streams, as 

showed in Figure 6-12. 

Stream1-stream30 are published by raA host1 at time 0s, and finishes at 

time 200s. The first subscriber joins the stream at time 0s, and another sub-

scriber comes at time 50s. Stream31-60 are published by raB host3 at time 25s, 

and the first subscriber joins at the same time when it begins. The second sub-

scriber joins at time 75s, and the rest two subscribers join at time 150s. 

As mentioned earlier, a stream is published only if there is at least one sub-

scribers even if it may be registered earlier, and that is the why in our simulation 

the first subscriber always starts with the stream begins. In addition, in our 

framework, the subscribers are informed to quit only after the stream finished 

with a Stream Finish message, and we did not implement the functions to let 

the clients quit before the stream finishes. 



57 

 

 

 

Figure 6-12 Time flow of the streams 

6.5.3 Simulation 

In the previous sections we described the topology and streams in the sce-

nario. In this section, we will show the steps to simulate the cloud services and 

analyze the result. 

 Figure 6-13 illustrates the network topology configuration file for this sce-

nario, and Figure 6-14 illustrates the experiment configuration file. Since 

more details about the configurations have been discussed in previous sections, 

here we will not talk much about them. The only difference we need to mention 

is that in the Stream configuration file, we can use the format showed in the 

figure to set the start time of a stream. For example, the line 5 in Figure 6-14 

means that the second host in client group A subscribes stream31-stream60, 

and will start subscribing 25s after the experiment starts. 
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Figure 6-13 Functional test topology file 

 

Figure 6-14 Functional test experiment file 

This experiment is only for demonstrating the functionalities of the frame-

work, so we just simply use Round-robin as our allocation algorithm. Figure 

6-15, 6-16, and 6-17 show the running stream number of data center A, data 

center B, and data center C respectively. Figure 6-18 shows the throughputs 

of the three data centers during the experiment. 
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Figure 6-15 Running stream number on data center A 

 

Figure 6-16 Running stream number on data center B 
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Figure 6-17 Running stream number on data center C 

 

Figure 6-18 Throughputs of the data centers 
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Chapter 7 Conclusions and future works 

In this chapter we will discuss about the conclusions and future works of 

this thesis. In section 7.1 we will give a summary of the contributions of this 

thesis project, in section 7.2 we will talk about the future works with some pos-

sible solutions. 

7.1 Thesis work contributions 

In this thesis project, we developed a multi-cloud framework that can be 

used to simulate most of the cloud cases with a flexible customized topology to 

forward WebRTC traffic. Users are able to set the data center and client num-

bers as well as the link parameters in their experiments.  

In the cloud framework, we use selective forwarding units (SFU) to handle 

the stream tasks so as to enable software multicast based on P2P WebRTC 

streams. Also, by using the SFU mechanism, we can reduce the cost of band-

width and CPU resources in the simulation. 

 In addition, we provide a set of methods and benchmark applications that 

can be used to monitor the running workloads and throughputs of the data cen-

ters as well as the stream performance such as stream delay and packet loss. 

 Finally, several resource allocation algorithms are implemented in the 

framework including Round-robin, minimum load, and minimum distance al-

location. We compare the performance of these different allocations with dif-

ferent test cases. 

7.2 Future works 

Due to the development time and testing environment, the work still re-

mains space for improvement which can be included in the future works. 

1. Although our cloud framework is designed for WebRTC traffic, the forward-

ing units and the benchmark applications are developed based on UDP level 

since in the performance evaluation we focus more on the transmission de-

lay and packet loss, and the UDP packet payload is not crucial to the perfor-

mance. Therefore, we test the performance with our own UDP streams in-

stead of real WebRTC streams. In the future, we can develop WebRTC 

benchmark applications and design the session establishment protocols 

based on real WebRTC traffic. 

2. In the minimum distance allocations algorithm, the actual inputs should be 
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the physical distances from the client hosts to the data centers. In our sim-

ulation, we use link latencies to represent the distances with the assumption 

that a longer distance will cause a higher link latency. However, in the real 

world, the link latency is mostly affected by the hops in the link, which 

means that a shorter distance does not necessarily mean a lower latency. To 

handle this problem, the algorithm should use the real latency as its inputs 

instead of the physical distances since the key factor of the stream perfor-

mance is in fact the latency itself, not the distance. Therefore, in the future 

we can implement a latency measurement in the cloud which should be con-

sidered when the resource is allocated. Here we give a possible design of this 

allocation. When a publisher starts a stream request, each data center will 

measure their link latency to this publisher host, and send it to the allocator. 

The resource allocator will then pick the data center with lower latency as 

its forwarder. 

3. Current minimum distance allocation only supports the distance between 

the publisher and the forwarder, and can only allocate one data center for 

the resource forwarding in a static way. However, in a stream transmission, 

the distance from both the publisher and the subscriber can affect the per-

formance. For future work, to improve the performance, a streaming task 

can be allocated on multiple data centers connected by high-speed internal 

networks. In this way, the publisher can send its stream to the closest data 

center to it, and after several hops of forwarding within the data center net-

work, the stream packets are sent out from the data center which is nearest 

to the subscriber. In this way, we can further reduce the streaming latency 

and improve the performance compared to our current algorithm. 

4. Mininet has a cluster edition [38] that enables the users to run a simulation 

across multiple computers. During the development, we did some research 

on the feasibility of using the cluster edition to simulate a larger scale net-

work. However, due to stability reasons, the final work is still developed 

based on normal Mininet. In the future, we can improve the development 

and turn to the Mininet cluster platform to support a large-scale simulation. 
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Appendix A: Stream delay with different bitrates (Data) 

Table A-1 Stream delay experiment with bitrate 50Kbps 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 46976.02 0.01278 

20 300000 300000 100% 45255.34 0.015382 

30 450000 450000 100% 45019.18 0.016154 

40 599999 600000 100% 44104.91 0.017379 

50 750000 750000 100% 44615.48 0.017479 

60 900000 900000 100% 43984.03 0.018373 

70 1050000 1050000 100% 45994.69 0.016574 

80 1200000 1200000 100% 45523.62 0.017005 

90 1350000 1350000 100% 46731.39 0.01563 

100 1500000 1500000 100% 46868.28 0.015439 

110 1650000 1650000 100% 47293.04 0.018985 

120 1799999 1799999 100% 48210.42 0.014065 

130 1950000 1950000 100% 48466.32 0.014588 

140 2100000 2100000 100% 48709.65 0.014294 

150 2250000 2250000 100% 48759.92 0.015543 

160 2400000 2400000 100% 48806.87 0.03361 

170 2549999 2549999 100% 48678.53 0.055428 

180 2700000 2700000 100% 48553.27 0.093869 

190 2850000 2849999 99% 48269.19 0.14916 

200 2999997 2999778 99% 48488.05 0.169328 
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Table A-2. Stream delay experiment with bitrate 500Kbps 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 467291.9 0.013199 

20 300000 300000 100% 451353 0.015192 

30 450000 450000 100% 445441.4 0.016543 

40 600000 600000 100% 434579.8 0.018755 

50 749999 749999 100% 431892.2 0.019866 

60 900000 900000 100% 428509.6 0.020013 

70 1050000 1050000 100% 435747.9 0.020316 

80 1200000 1200000 100% 444483 0.017414 

90 1350000 1350000 100% 460817.5 0.015713 

100 1500000 1500000 100% 467860.7 0.014657 

110 1649999 1649999 100% 476897.6 0.014271 

120 1800000 1800000 100% 482704.2 0.014239 

130 1950000 1950000 100% 483727.3 0.014995 

140 2100000 2100000 100% 482446.9 0.016867 

150 2250000 2250000 100% 482745.4 0.030965 

160 2399999 2399961 100% 481317.1 0.06604 

170 2549993 2549363 99% 484285.1 0.100203 

180 2699998 2689534 99% 474267.3 0.153628 

190 2849999 2843695 99% 476318.4 0.195481 

200 3000000 2985352 99% 475796.9 0.282519 
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Table A-3. Stream delay experiment with bitrate 1Mbps 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 939884.4 0.012848 

20 299999 300000 100% 936545.7 0.013497 

30 449998 449999 100% 912700.4 0.014843 

40 599999 600000 100% 891336 0.016681 

50 749999 750000 100% 872506.3 0.018487 

60 899999 900000 100% 877959.7 0.018984 

70 1049998 1050000 100% 892778.4 0.017609 

80 1200000 1200000 100% 915238.4 0.016201 

90 1350000 1350000 100% 936256 0.014792 

100 1500000 1500000 100% 930820.7 0.014936 

110 1649998 1650000 100% 961102.4 0.014508 

120 1800000 1800000 100% 958128 0.017476 

130 1949997 1949997 100% 968748.7 0.020843 

140 2099999 2099910 100% 961350.3 0.051878 

150 2249999 2249178 99% 955373.3 0.082246 

160 2400000 2395987 99% 963896.4 0.123586 

170 2550000 2534404 99% 934411.6 0.207217 

180 2700000 2677877 99% 953535.1 0.247983 

190 2849988 2800547 98% 946426 0.356926 

200 2999988 2907431 96% 932779.3 0.447684 
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Appendix B: Stream delay with different CPU limits (Data) 

Table B-1. Stream delay experiment with 10% CPU limit 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 46677.06 0.017132 

20 300000 300000 100% 46490.89 0.023661 

30 449992 449992 100% 44714.46 0.077562 

40 599954 599954 100% 45212.48 0.109924 

50 749847 749847 100% 45526.34 0.130373 

60 899720 899720 100% 45479.82 0.174754 

70 1049721 1049167 99% 45450.13 0.286836 

80 1199630 1196879 99% 45580.57 0.302977 

90 1349485 1347280 99% 46050.19 0.389713 

100 1499375 1493996 99% 45826.16 0.614093 

110 1647493 1625228 98% 45311.82 1.115865 

120 1797167 1686688 93% 43050.46 2.100288 
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Table B-2. Stream delay experiment with 15% CPU limit 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 46940.1 0.014106 

20 300000 300000 100% 46416.79 0.016654 

30 449999 449999 100% 45435.26 0.022971 

40 600000 600000 100% 45537.93 0.032493 

50 749982 749982 100% 44837.08 0.057621 

60 899995 899995 100% 44417.2 0.061766 

70 1049980 1049980 100% 44531.05 0.067318 

80 1199917 1199917 100% 45083.03 0.072866 

90 1349909 1349909 100% 45399.18 0.081827 

100 1499789 1499790 100% 45529 0.093252 

110 1649882 1649886 100% 45884.82 0.112797 

120 1799756 1799752 100% 45795.45 0.133816 

130 1949448 1948559 99% 44892.67 0.215596 

140 2099077 2098081 99% 44147 0.361781 

150 2248879 2243506 99% 43838.1 0.546981 
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Table B-3. Stream delay experiment with 20% CPU limit 

Stream 

Number 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 150000 150000 100% 939884.4 0.012848 

20 299999 300000 100% 936545.7 0.013497 

30 449998 449999 100% 912700.4 0.014843 

40 599999 600000 100% 891336 0.016681 

50 749999 750000 100% 872506.3 0.018487 

60 899999 900000 100% 877959.7 0.018984 

70 1049998 1050000 100% 892778.4 0.017609 

80 1200000 1200000 100% 915238.4 0.016201 

90 1350000 1350000 100% 936256 0.014792 

100 1500000 1500000 100% 930820.7 0.014936 

110 1649998 1650000 100% 961102.4 0.014508 

120 1800000 1800000 100% 958128 0.017476 

130 1949997 1949997 100% 968748.7 0.020843 

140 2099999 2099910 100% 961350.3 0.051878 

150 2249999 2249178 99% 955373.3 0.082246 

160 2400000 2395987 99% 963896.4 0.123586 

170 2550000 2534404 99% 934411.6 0.207217 

180 2700000 2677877 99% 953535.1 0.247983 

190 2849988 2800547 98% 946426 0.356926 
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Appendix C: Stream delay with different stream numbers (Data) 

Table C-1. Stream delay experiment with 20 streams 

CPU limits 

(%) 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 300000 300000 100% 45501.55 0.030821 

11 300000 300000 100% 45152.9 0.037087 

12 299996 299996 100% 45477.84 0.0288 

13 300000 300000 100% 46240.29 0.023154 

14 299988 299988 100% 45674.81 0.023492 

15 300000 300000 100% 45779.46 0.022127 

16 300000 300000 100% 46223.86 0.016897 

17 299998 299998 100% 45758.31 0.017512 

18 300000 300000 100% 46365.07 0.0162 

19 300000 300000 100% 46133.52 0.016231 

20 300000 300000 100% 46137.51 0.015629 
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Table C-2. Stream delay experiment with 40 streams 

CPU limits 

(%) 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 599978 599978 100% 45254.51 0.071081 

11 599963 599963 100% 45684.01 0.061429 

12 599976 599976 100% 45667.7 0.047783 

13 599981 599981 100% 45392.36 0.047129 

14 599996 599996 100% 44511.14 0.038969 

15 599969 599969 100% 45291.97 0.036462 

16 599984 599984 100% 45185.82 0.03744 

17 599959 599959 100% 45129.75 0.030324 

18 599994 599994 100% 45717.81 0.025312 

19 600000 600000 100% 45343 0.029079 

20 599995 599995 100% 45190.26 0.027393 
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Table C-3. Stream delay experiment with 80 streams 

CPU limits 

(%) 

Total 

Packets 

Received 

Packets 

Packet loss Received  

Bitrate (bps) 

Delay (s) 

10 1199574 1199427 99% 45333.97 0.213206 

11 1199755 1199681 100% 45486.7 0.172478 

12 1199759 1199754 100% 45332.95 0.156406 

13 1199749 1199749 100% 45361.98 0.103755 

14 1199870 1199870 100% 45169.59 0.096057 

15 1199905 1199905 100% 45497.74 0.067468 

16 1199919 1199919 100% 45371.69 0.058572 

17 1199853 1199853 100% 44718.33 0.061585 

18 1199959 1199959 100% 45157.72 0.052222 

19 1199922 1199922 100% 45315.19 0.045499 

20 1199987 1199987 100% 45070.92 0.039708 
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