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Abstract 

 

 

MPEG has developed various technologies for multimedia storage and delivery, such as 

MPEG-2 TS and MP4 file format. HTTP-based Adaptive Streaming is a new technology to 

deliver such multimedia streams over the Open Internet to a variety of consumer devices 

including set-top boxes, hybrid TVs, PC and portable devices. The examples include Apple 

HTTP Live Streaming, Microsoft SmoothStreaming, 3GPP Adaptive HTTP Streaming and the 

recent MPEG standardization activity related to Dynamic Adaptive Streaming over HTTP 

(DASH). The optimization tools used within these techniques try to cope with the underlying 

network conditions such as the bit rate variations and delay, along with user interaction.  

In this work I intend to setup and evaluate the performance of HTTP-based Adaptive 

Streaming Technologies over an HSPA network.  
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CHAPTER 1 

 

1.1 Introduction 

Multimedia content and video streaming over the internet has seen a rapid growth in the 

recent past. More and more high quality media is becoming available on the internet these 

days, and video streaming has long been viewed as the next killer application [1]. 

The most commonly used protocols for delivery of multimedia and streaming content are 

RTP and RTSP. However RTP/RTSP is not suitable in case of firewalls and NAT traversals, 

RTP/RTSP also require dedicated content distribution networks which cannot be used for 

other web content.  

HTTP uses TCP as the transport protocol. And because of using TCP it has not been 

considered for streaming in the past, as TCP tends to transfer the entire movie file to the 

user without taking into consideration the bandwidth available to the client and has a much 

higher overhead compared to UDP and because of it does not support for real time traffic. 

But recently due to increase in available bandwidth and the ease with which we can use TCP 

for streaming has seen HTTP to emerge as a new choice for streaming. HTTP has additional 

advantages of passing firewalls and NAT/PAT and for HTTP we do not need any additional 

caches and specific servers. 

Adaptive HTTP Streaming aims to provide the best possible video quality to the user based 

on the network conditions. Several players like Apple HTTP Live Streaming, Microsoft 

SmoothStreaming and Adobe’s Zeri use this approach of Adaptive HTTP Streaming. 

In adaptive HTTP streaming the Server has multiple profiles and qualities of the same video 

encoded in different bitrates. Further this encoded video is also divided into multiple 

segments, typically in the duration of a few seconds. This allows for adaptation to the best 

available video quality based on the underlying network conditions.   
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1.2 Previous Work 

DASH is a new standard and is still in the Committee Draft stage during this work. There is 

still an effort going on for the standardization of DASH, there have been some studies on 

DASH but there has been no real implementation of DASH as yet before this work. 

 

1.3 Thesis Contribution 

The work involves implementation of Apple HTTP Live streaming algorithm and Dynamic 

Adaptive streaming over HTTP (DASH) and there evaluation over an HSPA network. This is 

the first implementation and evaluation of these streaming algorithms over an HSPA 

Network. 

DASH Client has been implemented to be able to make HTTP requests and HTTP byte range 

requests in case of switching on the fragment boundaries. 

There is also a proposed rate adaptation algorithm for DASH, and the results achieved based 

on this algorithm over HSPA have been presented in the thesis.  

 

1.4 Thesis Structure 

The thesis has been divided into three parts. 

Part 1 gives us background knowledge for the work done in the thesis. It has Chapters 2 and 

3. In Chapter 2, we discuss the basics of streaming, focusing especially on HTTP Based 

Streaming. In Chapter 3, we talk about Apple HTTP Live Streaming and about DASH by giving 

a detailed background about the standards. 

Part 2 gives us the setup scenario. In chapter 4 a rate adaptation algorithm for DASH has 

been proposed and an explanation of the basic flow of the DASH client implementation. In 

Chapter 5 we discuss the setup that has been done for the implementation of DASH and 

Apple HTTP Live Streaming.  

In Part 3 we talk about the results and conclude the thesis, Chapter 6 gives us the results 

based on the implementation of rate adaptation algorithm and compares it to the results 

achieved by Apple HTTP Live Streaming. Chapter 7 concludes the work, gives the short 

comings of the Dash rate adaptation algorithm, and the proposed improvements to make it 

better in the future work. 
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PART 1 

 

BACKGROUND KNOWLEDGE 

 

CHAPTER 2 

 

STREAMING 

 

2.1 Streaming 

Streaming media is multimedia that is constantly received by and presented to an end-user 

while being delivered by a streaming provider. The name refers to the delivery method of 

the medium rather than to the medium itself [2]. 

 

2.1.1 On Demand vs. Live Streaming 

On Demand 

In On Demand Streaming the streaming media is available on the server at all times. The 

Media is delivered to the user upon request. IPTV offers such services on TV’s and Personal 

computers. There are also a lot of websites providing On Demand Streaming and one of the 

biggest example is that of YouTube. The important thing with On Demand Streaming is that 

the server has to store the media at all times and a considerable amount of space on the 

server is required at all times.  

Live Streaming 

With Live streaming we first have to capture the media using an A/V input device. The 

captured media then has to be encoded using an encoder and then transmitted on the fly. 

Live streaming does not require as much storage space as On Demand Streaming but 

requires a large amount of computing resources and extra hardware. 
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Figure 1 Live and On Demand Streaming 

 

 

2.1.2 True Streaming vs. Progressive Download 

True Streaming 

True streaming uses the RTP/RTSP Protocols. True streaming requires that the content is not 

stored on the client’s computer, instead is just played. True Streaming requires a special 

streaming server. Some examples of true streaming are that of (Apples’ Xserve, Microsoft’s 

Silverlight, Adobe’s Flash Media Rights Management). Access to the content can be 

controlled by using passwords. 

 

Progressive Download 

In progressive download the file is downloaded to the client and then played locally. It uses 

a regular HTTP server and because of this it is able to traverse firewalls [3]. Progressive 

download can also provide us with a higher playback quality, this is because of the content 

being locally available at the client. The transport protocol for HTTP Streaming is TCP. The 

advantage with TCP is its congestion control mechanism [3] [9].  
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2.1.3 Adaptive Streaming 

Adaptive Streaming, as the name suggest is adaptive in nature. It adapts to the varying 

network conditions. Adaptive Streaming ensures that the user receives the best quality 

video under the present network conditions experienced by the user. 

A user with an Internet connection of fixed bandwidth does not get the guaranteed 

bandwidth at all times, instead this bandwidth can change depending on the traffic from 

other users. If there were no adaptive streaming the user would experience interruptions 

and buffering periods, when there is no video available to the user. But when using Adaptive 

Streaming instead of this pause and interruption, we would switch to a lower quality video 

that is available at the server. This helps to avoid interruption in playing video at the user, 

and the user always gets the best quality video under its available network conditions. 

 

2.2 RTP/ RTSP  

The RTSP (real time streaming protocol) is a network control protocol designed for use in 

entertainment and communications systems to control streaming media servers [4]. 

The RTSP protocol is used for establishing and controlling media sessions between end 

points. Clients of media servers issue VCR-like commands, such as play and pause, to 

facilitate real-time control of playback of media files from the server [5]. It is not the task of 

RTSP protocol to transmit streaming data. RTSP was published in RFC 2326 in 1998 [6]. 

RTP (real time transmission protocol) is used for media stream delivery by most RTSP 

servers, however they may also use some other protocols for the stream delivery. 

One drawback of RTSP is that by default it runs on port (554) this port is often blocked by 

firewalls, and the problem is especially common with home internet gateways [5]. 

 

2.3 HTTP 

HTTP is a protocol used mainly to access data from World Wide Web and transfers data in 

the form of audio, video and so on. It is called Hypertext Transfer Protocol because its 

efficiency allows its use in a hypertext environment where there are rapid jumps from one 

document to another [7]. 

The port used by HTTP is a well known port, port 80. There is no separate control 

connection only data is transferred between the client and the server [7]. 

The standards development of HTTP has been coordinated by the Internet Engineering Task 

Force (IETF) and the World Wide Web Consortium (W3C), culminating in the publication of a 
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series of Requests for Comments (RFCs), most notably RFC 2616 (June 1999), which defines 

HTTP/1.1, the version of HTTP in common use [8]. 

There are two general types of HTTP messages. 

 

Figure 2 HTTP Messages 

  

 

The most important HTTP Request message for us is HTTP Get. The Get method is used 

when the client wants to retrieve a document from the server. The address of the document 

is defined in the URL [7]. This is the main method for retrieving a document, this document 

in our case will be the Video. 

The response message consists of a status line. Status line defines the status of the response 

message. It consists of a status code. 

The two important status codes for us are 200 and 206. Both belong to the 2xx class of the 

status codes and represent a success. 

200 OK 

 

This is the standard response for successful HTTP requests. The actual response will depend 

on the request method used. In a GET request, the response will contain an entity 

corresponding to the requested resource [8]. 

  

206 Partial Content 

 

The server is delivering only part of the resource due to a range header sent by the client. 

The range header is used by tools like wget to enable resuming of interrupted downloads, or 

split a download into multiple simultaneous streams [8]. 

 

2.3.1 Persistent versus Nonpersistant Connection 

HTTP version 1.0 specified a nonpersistent connection while HTTP 1.1 specifies a persistent 

connection. 
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Nonpersistent Connection 

In a nonpersistent connection we make a new TCP connection for each request and its 

response. 

•  Open TCP connection and send a request 

•  Send response and close the connection 

•  Read Data until find end, and then close the connection 

Persistent Connection 

HTTP version 1.1 specifies a persistent connection. The server leaves the connection open 

for more requests after it sends a response. The server closes the connection after we have 

reached a time out or the client requests for closing of connection. 

•  Open TCP connection and send a request 

•  Send response and keep the connection open 

•  Close connection after timeout or at clients request 

 

2.3.2 HTTP Streaming 

There are a number of factors for the using of HTTP as a protocol for delivering media data. 

Firstly HTTP streaming only requires a standard HTTP Server and does not require any 

specific addition to the system, and it can be done over the already present infrastructure. 

With the use of social networking, the sharing of video is becoming more individualized and 

to a normal user, http seems like an appropriate choice as it is not blocked by any firewalls 

and HTTP port 80 is commonly used and is not blocked by firewalls. 

 

2.3.3 Adaptive HTTP Streaming 

Adaptive HTTP Streaming, uses HTTP as the protocol for delivering media. In HTTP streaming 

we use HTTP URL’s to request media from the server. Adaptive HTTP streaming adapts to 

the network conditions and accesses URL’s based on the experienced network conditions. 

This means that different qualities should be available at the distribution server, each 

quality should be accessible by a different URL. In other words there is a bit rate associated 

with each URL, based on which the client decides on which URL it should request. 

 

2.3.4 TCP as transport Layer for HTTP based media streaming 

TCP provides reliable service, by providing retransmissions and congestion avoidance 

properties. TCP has always been considered as unsuitable for video streaming due to its 

reliability and so non support for Real time traffic.  
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2.4  HTTP Streaming System Overview  

Figure 1 also provides a good overview of HTTP Streaming system. The architecture given in 

Figure 1 can be divided into three parts. 

•  Server Components 

•  Distribution Components 

•  Client Components 

 

2.4.1 Server Components 

The server takes an input stream and then encodes it into a digital format. This encoded 

stream is then passed on to the segmenter, which can split this stream into multiple streams 

of different or same lengths. 

Encoder 

The encoder receives the media in real time from an A/V Device. It encodes the media and 

then it is encapsulated for transport. 

Segmenter 

The purpose of the segmenter is to split up a file into multiple files according to the duration 

specified. Segmenter is mostly a software which can divide the encapsulated media stream 

that it receives. One other task of the segmenter is to create a manifest file. The manifest 

file has the location of media segments and this manifest file is continuously updated for a 

live streaming session. This manifest file has information regarding the bitrate too. These 

segmented files from the segmenter are also appended with extra information, for e.g. if we 

are using Random Access Points, extra information needs to be added.  

 

2.4.2 Distribution Components 

The Distribution component is a normal web server. This server will deliver the manifest file 

and the segmented data that is created by the segmenter. The server will store the media 

for on demand streaming and would temporarily store it for the live streaming session. The 

Distribution component is a standard http server in case of HTTP based adaptive streaming. 

 

2.4.3 Client Components 

There is a URL that identifies the stream. This URL is associated with the manifest file. The 

client starts by fetching this manifest file, which has information regarding the segments 

and the bit rate associated with each of these segments. It specifies the URL’s for each 

segment. Based on the client capabilities the client can request specific byte ranges, and 
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does not need to download the whole segment in order to start playing the segment. In 

case of live streaming the client should also check if there any updates that have been made 

to the manifest file. 
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CHAPTER 3 

 

APPLE HTTP LIVE STREAMING AND DYNAMIC ADAPTIVE STREAMING OVER HTTP (DASH) 

 

3.1 Introduction to Apple HTTP Live Streaming  

Apple HTTP Live streaming can be used to send live or pre-recorded i.e On Demand Media, 

which could be audio or video media. This media can only be sent to specific apple devices. 

And is not usable to non Apple devices. Apple HTTP Live streaming can be used to send this 

media data to iPad, iPhone, iPod touch and systems running MAC OS [10]. 

Apple says that there HTTP streaming has been designed for mobility, and that it can 

dynamically adjust the quality of video being played. This dynamic adjustment is used to 

match the available network speed of wired or of wireless networks. 

Apple HTTP Live Streaming must not be confused with Live Streaming as it can be both Live 

or On Demand streaming. 

All devices running iPhone OS 3.0 and later include built-in client software. A video 

placeholder is displayed when Safari encounters an <OBJECT> or <EMBED> tag with the URL 

of an HTTP Live stream. HTTP Live streams can also be played in native iPhone or iPad apps 

using the media player framework. Additionally, Safari is able to play HTTP Live streams 

natively on iPad, within a webpage, as part of a <video> element [11]. 

 

On Mac OS X, version 10.6 and later, QuickTime can play HTTP Live Streams. The QuickTime 

plug-in allows you to embed streams in websites using the <OBJECT> or <EMBED> tags, and 

Safari can play HTTP Live streams natively within the <VIDEO> element. Developers can also 

use the QTKit framework to create desktop applications that play HTTP Live Streams [11]. 

 

Because it uses HTTP, this kind of streaming is automatically supported by nearly all edge 

servers, media distributors, caching systems, routers, and firewalls [11] 

 

3.1.1 Client Software  

 

Apple HTTP Live Streaming client is responsible for determining the appropriate media to 

request from the distribution server, and then downloading that media, and reassembling 
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the media so that it can be presented to the user as a continuous stream. Client software is 

included on iPhone OS 3.0 and later and computers with QuickTime X or later installed. 

 

In a typical configuration, given in Section 1.7 and shown in Figure 1, the hardware encoder 

takes the input audio/ video and the output should be an MPEG-2 Transport Stream which is 

used for apple HTTP Streaming. This stream is then presented to a segmenter which 

generates smaller segments of similar time, for e.g. we can give 60 secs. of presentation 

media to the segmenter and ask for 5 sec segments, in this case it will make 12 files each of 

approximately 5 secs of playing duration. The segmenter will also create a manifest file, 

called an index file by apple, this index file is made available at the web server. The client 

first needs to request the index file and then read the data from index file to create new 

URL’s to request the specific segments that it requires. 

 

File Extension MIME Type 

.M3U8 application/x-mpegURL  

.TS Video/MP2T 

Table— 1 Recommended MIME Type Configuration [6] 

 

3.1.2 MPEG-2 TS 

MPEG-2 TS can carry many multiplexed audio and video data. The MPEG-2 System Layer 

defines the structure of the Transport Stream providing information for synchronization and 

error correction at the decoder. The System Layer also specifies Program Specific 

Information (PSI) tables which allow the decoder to sort and access the information 

contained in the Transport Stream quickly by acting as a “table of contents” [12]. 

 

The structure of transport stream is similar to the layered structure of TCP/IP, the data in 

the stream is divided into a header and a payload. 

Media data, when it is compressed forms an Elementary stream, the next layer is the 

packetized elementary stream where we have variable length packets. The header has 

information regarding the decoding and presentation times, and the payload consists of an 

audio or video frame. 

After creation of the PES, it is further divided into fixed size packets of length of 188 bytes. 

This is the transport stream and it also has header and a payload with it. The transport 

stream packet is of a fixed size of 188 bytes, this was done to allow easy mapping of MPEG-2 

TS with ATM which uses 47 bytes payload [13]. 
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Figure 3 Creation of transport stream, adapted from [12] 

 

 

 

Figure 4 Alternate Qualities, adapted from [6] 

 

 

3.1.3 Index File  

Index file is the manifest file, it has information regarding, the qualities available and the 

corresponding bandwidths associated with each one of these qualities. This helps the client 

to access the segments based on the network conditions it sees. 
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Playlist.m3u8 

 

Playlist Tags 

EXTM3U 

The Extended M3U file format defines two tags: EXTM3U and EXTINF.  An Extended M3U file 

is distinguished from a basic M3U file by its first line, which MUST be #EXTM3U [11]. 

EXT-X-STREAM-INF 

The EXT-X-STREAM-INF tag indicates that the next URI in the Playlist file identifies another 

Playlist file [11]. The format is 

 

#EXT-X-STREAM-INF:[attribute=value][attribute=value] 

<URI> 

In the Playlist given above the <URI> is Quality1.m3u8. The attribute given is Program ID and 

Bandwidth. 

 

An attribute MUST NOT occur more than once in the same EXT-X-STREAM-INF tag [11].  The 

attributes in the above example are. 

 

BANDWIDTH=<n> 

 

The bandwidth specifies the number of bits per second. The Bandwidth should be specified 

so that it is an upper bound of the overall bit rate and should include the container 

overhead, that appears in the Playlist [11]. 

An example index file is  

#EXTM3U 

#EXT-X-STREAM-INF:PROGRAM-ID=1, BANDWIDTH=200000 

Quality1.m3u8 

#EXT-X-STREAM-INF:PROGRAM-ID=1, BANDWIDTH=311111 

Quality2.m3u8 

#EXT-X-STREAM-INF:PROGRAM-ID=1, BANDWIDTH=484444 

Quality3.m3u8 

#EXT-X-STREAM-INF:PROGRAM-ID=1, BANDWIDTH=737777 

Quality4.m3u8 

 

The index file/playlist specifies 4 different qualities available with there bandwidth specified. 
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Quality.m3u8 

 

This is one of the Quality available to the user, and is mentioned in the main index file. It has 

its own tags explained below. 

 

Tags 

 

EXTINF 
 

EXTINF is a record marker that describes the media file identified by the URI that follows it.  

Each media file URI MUST be preceded by an EXTINF tag [11]. 

 

#EXTINF:<duration>,<title> 

 

Duration specifies the playing time of the media file, it is in seconds. The title is just a title 

for the segment, and it is just for information. In this case we have added no desc, which 

means no description is provided. 

EXT-X-ENDLIST 

The EXT-X-ENDLIST indicates the end of the playlist file, and indicates that we will add no 

more segments to the playlist file. It can occur anywhere in the Playlist file and it should not 

occur in the playlist more than once [11]. 

 

An example of Quality1.m3u8 

 

#EXTM3U 

#EXT-X-TARGETDURATION:10 

#EXT-X-MEDIA-SEQUENCE:0 

#EXTINF:10, no desc 

http://192.168.2.20/AppleSegments/gear1/fileSequence0.ts 

#EXTINF:10, no desc 

http://192.168.2.20/AppleSegments/gear1/fileSequence1.ts 

#EXTINF:10, no desc 

http://192.168.2.20/AppleSegments/gear1/fileSequence2.ts 

#EXT-X-ENDLIST 

 

Similar to Quality1.m3u8 we can define Quality2, 3 and 4.m3u8. With the duration being 

constant but the URI’s changing. 
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3.2 Dash 

Dash stands for dynamic adaptive streaming over HTTP. DASH is an effort from MPEG to 

standardize HTTP based streaming. 

There is also an element of frustration when watching videos over the internet, as you need 

different kind of players, plugins, protocol support, the bandwidth can be insufficient, user 

can be behind a firewall, video stalls at times, then buffers then plays again. This can be very 

frustrating and irritating to a normal user. 

DASH aims to provide simplicity and flexibility to us. It aims to get rid of all these 

disadvantages of normal video streaming. This is done by an open standard [16]. 

There are different standards like 3gpp, Microsoft Smooth Streaming, Apple http live 

streaming. ISO aims to combine all of these in to a single standard known as DASH, which 

uses the iso based media file format. 

Dynamic Adaptive streaming over HTTP specifies formats that enable delivery of media 

content from Standard HTTP servers to HTTP clients and enable caching of content by 

standard HTTP caches [14]. 

Dash is composed of two main parts 

•  The Media Presentation Description (MPD). 

•  The format of the content in terms of media segments. 

 

3.2.1 MPD 

MPD also referred to as Manifest File contains the metdata. The purpose of MPD is to make 

the client intelligent. It does so by providing information to the client about the location and 

timing of the segments. The metadata is used by the client so that the client can construct 

the appropriate URL’s to fetch the particular content it requires and provide the streaming 

service to the user. The protocol specified is exclusively HTTP/1.1 [14]. 

The MPD can be fetched at the start using HTTP Get request, and it can be updated 

continuously which can be very useful for Live Streaming. In case of MPD being updated the 

client should request the latest MPD from the server after a duration specified in its MPD. 

The MPD in addition to this has a lot of other attributes, which help the client to construct 

the appropriate URL’s to fetch segments with specific language and bitrates. 

MPD is an XML Document. An example MPD used in Chapter 5, has been provided in Annex-

A. 
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Figure 5 Possible Deployment Architecture for DASH, Adapted from [14] 

 

 

DASH Client uses the HTTP Get method or partial get request to request byte ranges from 

the HTTP Server as specified in RFC2616. Figure 5 gives us a possible deployment 

architecture of DASH, this has been used to create the setup in Chapter 5. 

 

 

Figure 6 DASH Client Model, Adapted from [14] 

Figure 6 gives us the information classification. 

MPD and segment Index Information (sidx) for DASH Access client which is the core 

specification aspects of DASH [14].  

Initialization and Media Segments for Media engine which help in reuse of existing container 

formats and easy conversion, small adaptations may be necessary for usage in DASH . 

Sidx provides binary information in ISO box structure on accessible units of data in a media 

segment where each unit is described by byte range in the segments (easy access through 

HTTP partial GET), it also provides accurate presentation duration (seamless switching) and 

presence of representation access positions. 

Initialization segment has metadata for the media player, it has information regarding the 

media segments like the track id’s to decode, and the timescale for each of those tracks.  
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3.2.2 Hierarchical Data Model 

The DASH Data model follows the model defined by 3GPP in [18][26234-920]. A media 

presentation consists of  

•  A sequence of one or more periods 

•  Each Period contains one or more groups 

•  Each group may contain one or more representations of the same media content 

•  Each Representation consists of one or more segments.  

 

 

 

Figure 7 Hierarchical Data Model 
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MPD Elements give descriptive information that enables client to choose representations, 

this is done by the description of representations in the MPD. 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



 Master of Science Thesis 

 

 KTH, Royal Institute of Technology 34 

 

 

 

PART 2 

 

PROPOSED RATE ADAPTATION AND SETUP 

 

CHAPTER 4 

 

RATE ADAPTATION 

 

4.1 Rate Adaptation 

 

Smart Phone (Client)
HTTP Server

HSPA Network

RATE ADAPTATION 

ALGORITHM

HTTP 

REQUESTS

HTTP 

RESPONSE

HTTP 

REQUESTS

HTTP 

RESPONSE

 

Figure 8 Adaptive HTTP Streaming System, Adapted from [15] 

 

Rate Adaptation can be categorized into two major types. It can be done at the server or it 

can be done at the receiver. If rate adaptation is done at the server it is called server driven 

rate adaptation. If rate adaptation is done at the client it is known as receiver driven rate 

adaptation. 

Figure 8 shows us how a Client rate Adaptation algorithm works.  Based on the previous 

HTTP Requests i.e there data rate and fetch times, it calculates the new Requests. 

The Rate Adaptation Algorithm is described in Figure 9. 
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4.2 Rate Adaptation Algorithm 

 

 

Figure 9 Rate Adaptation Algorithm 
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One important point in DASH standard is to have the intelligence at the client end. So a 

receiver driven rate adaptation algorithm is proposed here. 

This Algorithm has the advantage of working over the Application Layer, which means we do 

not require any information from the lower layers, such as packet losses, round trip times or 

window size [14]. 

An important metric used is µ. 

µ is defined as the metric on which we make a decision whether to switch up to a higher 

bitrate representation or to switch to a representation with lower bitrate. 

  μ � ���/���                  eq  (1) 

where   ���=  Fragment fetch time 

  ���= Fragment Media Time 

Fragment is defined as the smallest unit containing media data. One segment can have 

multiple fragments which are shown by the presence of Random Access Points. 

Fragment fetch time is the time between sending an HTTP fragment request and having the 

HTTP fragment in our buffer. It is calculated as 

  ��� � �2 	 �1 

Where   �2 is the time when we receive the complete HTTP fragment in our buffer 

 �1 is the time of sending our HTTP Request. 

Fragment media time, is calculated after we receive the sidx box. sidx box has the 

information regarding the playing times. It also specifies the position of the Random Access 

Points. Sidx box is present at the start of every segment. It is also the first HTTP request that 

we do when fetching any segment or fragment. 

If we get a value of μ less than 1, this means that it takes more time to fetch the media, than 

its playing time. So we are having congestion in our network. 

If we get a value of μ greater than 1, this means that it takes less time to fetch the media, 

than its playing time. So we are not experiencing any congestion. 

µ serves as our probe for network congestion. 

Along with µ we also have ������ on which we decide to switch up or down. DataRate is 

calculated only for the fragments and not for Initialization segment or sidx box.  

   ������ � ����������/���                eq  (2) 
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Where ���������� is the size of the fragment received, it will always be equal to 

the size of fragment 

������ is put into a queue which averages the last 5 DataRates and passes it to the 

decision making function along with µ, where the rate adaptation algorithm makes the 

decision. 

The DataRate can vary frequently for each request as the wireless network conditions 

change. It would not be sensible to switch representations on every other fragment request. 

It makes sense to pass an average of the DataRate as an average of last five fragments. 

 

4.3 Pseudo code for Rate Adaptation 

When switching to a new representation what we do here is to return the Representation ID 

of the Representation which we want to switch to. 

Step 1 

Extract the total number of representations from MPD, and declare an array with the 

number of representations in MPD. Find the associated bandwidth for each available 

Representation and put in Array1. 

Array1= {bandwidth1, bandwidth2…} 

Sort array1 in ascending order and store in array2, sort array1 in descending order and put it 

in array3. 

Array2= {Representation bandwidths in increasing order} 

Array3= {Representation bandwidths in decreasing order} 

Step 2 

Find the Maximum and Minimum bandwidth that is available to us. Store these values in a 

variable. Also find the position of these values in an array and put in another variable. 

 maximumBandwidth = Maximum value in Array1 

minimumBandwidth = Minimum value in Array1 

maxbwpos = Position in Array1 of maximum value 

minbwpos = Position in Array1 of minimum value 

oldid = Current Representation ID 
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Step 3 

Decode Sidx box and get the playing time of fragment from it. 

Calculate µ from equation 1 in Section 3.3.1 and calculate ������ from equation 2 in 

Section 4.2. 

������ =Average received data rate for last 5 media fragments 

 

Step 4 

Here we make a decision on the suitable representation  

If (µ is greater than 1) 

//call function to switch to a higher representation 

SwitchUp() 

If (µ is less than 1) 

//call function to switch to a lower representation 

SwitchDown() 

 

Switchup 

Switchup 

{ 

If (DataRate > maximumBandwidth) 

{ 

//Switch to the Representation with the highest bandwidth 

Return maxbwpos; 

} 

If (DataRate < minimumBandwidth) 

{ 

//this situation should not occur, in case it occurs it can be due to the previous values, do 

not switch 

return oldId: 
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} 

If ((DataRate > minimumBandwidth) && (DataRate < maxbandwidth)) 

{ 

//Find the appropriate representation to switch to 

For (int i=0; i <numberofbandwidths; i++)  

If (DataRate > Array3[i]) 

{ 

//When condition is true save the value of bandwidth from array3 in ValueReturned 

Break; 

} 

//Compare ValueReturned to a value in Array1 

 

For (int j=0; j <numberofbandwidths; j++)  

If  (ValueReturned==Array1[j] ) 

//When match is found, return the position of that value in Array1 as the new 

Representation to switch to. 

return j; 

} 

} 

SwitchDown() will follow the same logic as Switchup(). 

 

4.4 Dash Client Implementation 

Figure 10 gives us the flow chart diagram of the implementation of DASH Client. In Figure 

10, the Connection Manager is responsible for sending the HTTP Requests. The Streaming 

Client Engine is responsible for initializing the stream, and closing the stream if the end 

segment is fetched. Streaming Client Engine is also responsible for creating the requests and 

telling the Connection Manager, which HTTP get request to send. 

There are checks imposed to see if we already have the initialization segment received and 

if we have the sidx box for the segment. In case of starting up, a special function is called 

whose purpose is to propose an initial representation. This function has been made to fetch 

the lowest bit rate representation that is specified in the MPD. 
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The requests made for Initialization segment and sidx box are left out of rate adaptation 

calculations. 

 

Figure 10 Dash Client Implementation 
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CHAPTER 5 

 

SETUP 

 

5.1 Test Setup 

 

Figure 11 Test Setup 

 

 

 

Figure 11 shows the Setup done for the streaming network. This setup has been used for 

both Apple HTTP Live Streaming and Dynamic Adaptive Streaming over HTTP. 
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5.1.1 Server 

It has two Ethernet interfaces. One Interface is connected to the Nomor Network and the 

other interface is connected to the emulator. The interface to the Neatbox (Emulator) is 

required to exchange data with the client through the emulator. The interface to the Nomor 

Network is required for remote access to the server by the central management machine. 

 

 

The server's purpose is to respond to the client's requests by sending the requested data 

back to the client. An Apache 2 Web Server is being used for this purpose.  

For Apple HTTP Live Streaming In order for the server to recognize the index (.m3u8) and 

segment (.ts) file types, the following lines need to be added to the server configuration file 

(/etc/apache2/httpd.conf): 

AddType application/x-mpegURL .m3u8 

AddType video/MP2T.ts 

As has been shown in the table in Table 1, these are the two mime types used for Apple 

HTTP Live Streaming. 

The server’s webpage which serves the content may be accessed from the interface 

connected to the neatbox at http://192.168.2.20/ or when using Nomor Net, at 

http://192.168.0.34/. The server uses the video tag using: 

 <video src="playlist.m3u8" controls autoplay></video> 

where playlist.m3u8 is the main playlist containing references to the index/playlist files for 

the different media bitrates, this is shown in Figure 4. 

For DASH we are using command line interface and not a browser as in case of Apple HTTP 

Live streaming. In DASH the server address is specified from the command line, and the 

client can access the data from the specified address. External C++ Libraries have been used 

in this case which is provided by Libcurl, known as Curlpp for C++. 

As can be seen, HTTP media streaming requires a normal HTTP server and minimal 

configuration at the server. 

 

5.1.2 Client 

For Apple HTTP Live Streaming the Client which is a MAC Mini runs MAC OS, Snow Leopard 

10.6.5. The Client uses Safari web browser to access the server page.  
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A shell script has been made for the client. This script is triggered remotely (using SSH) from 

the Central Management Machine (CMM). The purpose of this script is to launch the Safari 

browser with the server's homepage so as to start the Apple HTTP Live Streaming. 

The DASH Client is running on Linux Kubuntu 9.04. The DASH client has to be started 

manually. 

 

5.1.3 Central Management Machine 

The central management machine can be used to prepare content, centrally control and 

monitor all other machines.  

•  Content Preparation for the Server 

•  Remote Management of the Emulator, Client and Server 

•  Logging for Client 

•  Can be used as Encoder in case of Live Streaming 

 

A script is run for the preparation of content for Apple HTTP Live Streaming. The user enters 

the Input Stream, Number of Representations, Duration of each segment and the address to 

store the segments. 

Usage: ./server.sh <Input Transport Stream> <Number of representations> <Segment 

Duration (in secs)> <Server Location for storing segments> 

After the content has been created, the scipt copies all the files to the /var/www/ directory 

on the HTTP Server 

For DASH we do not use the same content preparation and copying. The Content is 

prepared by the DASH content preparation tool and then the content is manually copied to 

the server, the DASH Content Generation tool also creates the DASH MPD. 

 

5.1.4 Emulator (Neatbox) 

The Nomor Emulator for Application Testing is a fully configurable system which emulates 

the behavior of a mobile network [17]. Client-server mobile applications can be tested over 

the simulated network by connecting through the neatbox via Ethernet [17]. Data between 

the client and the server passes through the neatbox and is affected by the behavior of the 

simulated mobile network [17]. 

Neatbox runs on Kubuntu 9.04. 

 

Neatbox Emulator has two interfaces, a client and server. The Client interface 192.168.1.10 

is connected to the MAC Client through the HUB. 
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The Server interface 192.168.2.10 is connected to our Web Server. 

 

 

5.1.5 Hub 

The Hub has been used because we need to sniff the client packets on the logging client. 

The Hub simply forwards the packets without storing them. This property is useful as the 

packets can be captured on the logging client. 
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PART 3 

 

RESULTS AND CONCLUSION 

 

CHAPTER 6 

 

RESULTS 

 

6.1  Test Content Preparation 

Test Content used is  

File Name Audio Codec Video Codec Size Duration 

1.mp4 Aac Mpeg4 46.8 Mb 101 secs 

Table— 2 DASH Test Content 

This file 1.mp4 has been encoded with different bitrates using ffmpeg, the encoded video in 

different bitrates is given in table 3. 

 

File Name Audio 

Codec 

Video Codec Size (Mb) MPD 

Bandwidth(bps) 

Quality 

64K.mp4 Aac Mpeg4 6.15 615891 NA 

128K.mp4 Aac Mpeg4 6.16 615891 NA 

256K.mp4 Aac Mpeg4 6.16 615891 0.25 

512K.mp4 Aac Mpeg4 7.15 797061 0.50 

1024K.mp4 Aac Mpeg4 13.3 1384906 0.75 

2048K.mp4 Aac Mpeg4 25.8 2530052 1.00 

Table— 3 Encoded Content used for DASH 

The same content has been used for Apple HTTP Live streaming and for DASH.  Apple HTTP 

Live Streaming only supports MPEG2-TS format, as specified in Chapter 3, Table 1. 
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The file 1.mp4 in table 2 has been encoded into MPEG2-TS by ffmpeg, to create content for 

Apple Streaming. 

An effort was made to keep the same audio and video codec for Apple Streaming as for 

DASH, but the segmenter used could not segment a MPEG2 transport stream with Mpeg4 

video. 

File Name Audio Codec Video Codec Size Duration 

1.ts Mp2 Mpeg2video 50.7 Mb 101 secs 

Table— 4 Apple Test Content 

We can see a difference between the file sizes of 1.mp4 and 1.ts in table 2 and table 4. This 

is due to the extra stuffing that is used by MPEG2-ts, as can be seen in figure 3. 

1.ts was encoded into different bitrates using ffmpeg. 

File Name Audio 

Codec 

Video Codec Size (Mb) Bandwidth 

(bps) 

Quality 

64K.ts Mp2 Mpeg2video 9.1 855805 NA 

128K.ts Mp2 Mpeg2video 9.1 855805 NA 

256K.ts Mp2 Mpeg2video 9.1 855805 0.25 

512K.ts Mp2 Mpeg2video 9.3 882417 0.50 

1024K.ts Mp2 Mpeg2video 14.7 1420917 0.75 

2048K.ts Mp2 Mpeg2video 28.1 3000000 1.00 

Table— 5 Encoded Test Content used for Apple 

The content specified in table 2 was given to the DASH content creation tool. The DASH tool 

creates segments and changes the content by changing the box structure and adding the 

new sidx boxes to the segments and inserting the Random Access Points. It also creates the 

Initialization segments for each encoded bitrate, and creates the MPD. 

The content specified for Apple HTTP Streaming is given to the segmenter specified in 

section 4.1.3. This creates the content for us and generates the manifest file. 

Further we have created contents for Apple with a segment duration of 5 secs and for a 

segment duration of 10 secs. 

For DASH we have created segments with 5 and 10 secs duration. For the 5 sec duration 

content we have two sub segments in one segment. These are specified by the Random 

Access point. For the content for 10 sec we again have created two sub segments in one 

segment. With one sub segment being 5 secs in duration. 

Using the content 64K, 128K and 256K in both apple and Dash streaming would give us too 

much unnecessary switching. As the bandwidth in bps, would be same for all these three 

encoded bitrates as the size of these files are similar. But this bandwidth was manually 
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changed to show switching in section 6.2 and the content 64K, 128K and 256K has not been 

used in Section 6.3 and 6.4. 

 

6.2 Switching 

6.2.1 Dash  

 

Initial Request and Switch Up Case 

 

Figure 12 Dash Initial Request and Switch up Case 

 

Figure 12 is a wireshark capture for the DASH Client. The Client first reads the MPD file. In 

this case the MPD is available at the Client so we do not see any request for MPD by the 

Client. 

The Client sends the following requests. 

HTTP Get: Initialization Segment  64K-init.3gp (whole segment) 

HTTP Get: Sidx Box   64K-1.3gp (0-1023) 

HTTP Get: Get Media Data  64K-1.3gp (76-224062) 

From the MPD the client reads the Representation with the lowest bit rate. 64K.3gp is the 

representation with the lowest bit rate. Client fetches the initialization segment for the 

lowest bit rate Representation as was specified in our rate adaptation algorithm, to always 

start with the lowest bit rate representation that is available.  
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DASH standard specifies that each Representation either contains an Initialization segment 

or each media segment in the Representation is self initializing. In this case we are not 

supporting self initializing segments.  

The Initialization Segment is processed by the media engine in Figure 6 to initialize the 

media engines for enabling play-out of Media Segments of the containing Representation. 

The next request is for the Sidx box. The Sidx box documents sub segments that span the 

composition time of the entire segment. 

It can be seen that the request from Figure 13 that it does not take much time to fetch the 

Initialization segment and sidx box. This is due to the small size of sidx box and the 

initialization segment. Because of this small size of the Initialization segment and sidx box, 

these have not been used in the calculation of the ������ in eq. 2. 

The byte range for the sidx box has been hardcoded to 1K (0-1023), this is done as we do 

not know the size of sidx box. The size can vary depending upon the number of Random 

Access points that we have in our segment.  

Once we have the sidx box, the sidx box is decoded to find the position of Random Access 

Points in the Segment. 

From the sidx box the first request is calculated which has our media data.   

The first request issued by the Client is for 64K-1.3gp (76-224062). 

After issuing this request the Client sees good throughput in the network and then fetches 

the segment 512K. This is where we are switching from a lower bit rate representation to a 

higher bit rate representation. 

Now the same procedure has to be repeated as at this stage we do not have the 

Initialization Segment for the 512K representation. 

Get: Initialization Segment  512K-init.3gp 

Get: Sidx Box   512K-1.3gp (0-1023) 

Get: Get Media Data  512K-1.3gp (331988-) 

For the Media Data the byte range is again calculated from the Sidx Box. The Client requests 

the whole segment from 331988 onwards. This is because we have only two fragments in 

one segment. The first sub segment was played for 64K which is a lower bit rate 

representation and the next sub segment was played for 512K which is a higher bit rate 

representation. 

This process goes on and the requests are calculated based on the throughput experienced 

by the user which depends on the network conditions. 
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Switch Down 

 

Figure 13 Dash Switch Down Case 

 

 

In Figure 13 we see a switch down request. This is also another example of switching on 

fragment boundaries. 

Get: Sidx Box   128K-8.3gp (0-1023) 

Get: Get Media Data  128K-8.3gp (76-183361) 

We do not see any request for Initialization segment as we already have the Initialization 

segment. The Sidx request goes normally and the next request goes for the 1
st

 fragment. 

The fetch time of segment gets greater than the playing time, which means that μ from eq. 

1 is less than 1 and the throughput gets lower than the bandwidth of the fetched segment 

as specified in the MPD.  

The Client then sends the following request. 

Get: Sidx Box   64K-8.3gp (0-1023) 

Get: Get Media Data  64K-8.3gp (183362-) 

Sidx box is fetched as always, but we see the request for media data is from bytes 183662 

and onwards. The last request for 128K-8.3gp was from 76-183361 and for 64K-8.3gp it was 

183362-till end of fragment. This is because as we have the same content for both 64K and 

128K. The question then comes, on why did we switch, as bandwidth for both 64K and 128K 

should be the same, that is in fact correct, but the bandwidths were manually changed to 

see the correctness of switch up and switch down algorithm. 
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6.2.2 Apple HTTP Live Streaming 

Switch up Decision 

 

Figure 14 Apple Switch Up Case 

 

 

It was seen from Apple logs that the first request is for the playlist or the manifest file. Once 

the manifest file is received, apple too just like our proposed algorithm for Dash starts with 

the lowest bit rate representation that is available by sending an HTTP Get request for it. 

This figure shows we request the segment gear2/filesequence4.ts and then we decide to 

switch up, the next request is for the playlist file for the higher quality. But we again fetch 

the same segment with the higher bit rate gear3/filesequence4.ts. This is a bad decision on 

part of Apple HTTP Live Streaming, and can have bad effect on our network, as the 

bandwidth consumed gets wasted, and only one segment needs to be played.  

This effect was seen every time with Apple HTTP Live streaming, whenever there was a 

switch up decision being made, there were two requests made for the same segment. One 

with the lower quality representation and one again with the higher quality representation. 

In DASH we do not have to ask for a different manifest file for every new representation. 

There is only one manifest file that the client requests or already has available. In our case, 

for DASH the manifest file was already available at the client. 

 

 

 

 



 Master of Science Thesis 

 

 KTH, Royal Institute of Technology 52 

 

Switch Down Decision 

 

Figure 15 Apple Switch Down Case 

 

The Switch down decision has the same dual request for different bitrates as in switch up 

case, and the segment with higher quality is requested and then the same segment with 

lower quality is requested again. This can have severe effect on the network, as if a switch 

down decision is made and we make multiple requests, we are congesting an already 

congested network even more. 

And also we already had the Quality1.m3u8 file with us as we started from this 

representation, but it is still requested again, could be useful in case of live streaming, but 

asking for a playlist file every time is not a good decision, also there are periodic requests for 

the playlist file. Dash is at an advantage in this case as we know if it is live or on demand 

streaming from the mpd, in case of live we can ask for updated mpd, but for on demand we 

do not need to make these extra requests. 

Every time a switch up or switch down decision is made we are making duplicate requests 

for the same segment, along with that we are also requesting the playlist file even if we 

already have received it before. 
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6.3 Dash Performance for 5 secs and 10 secs Segments 

 

5 secs Segment 

 

Figure 16 Throughput for DASH Client from Neatbox logs 

 

It takes a total of 76 seconds to fetch all the 20 segments of duration 101 secs. 

PDCP is the Packet data convergence protocol at the layer 2 of HSPA. Figure 16 shows the 

PDCP throughput received by the client. The basic aim of PDCP layer is for the compression 

of headers, and in HSPA we use a fixed header compression technique known as ROHC 

(Robust Header Compression). 

 

Figure 17 PDCP Throughput For All clients in the Network 
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The PDCP throughput specifies the throughput before giving data to the RLC or MAC layers 

where segmentation is done and priorities are enforced. Here we are not using any quality 

of service or priority at the MAC layer. 

As can be seen from the figure 17 the average throughput of the other users is severely 

affected by our user. This is because HSPA has a limited set of Orthogonal Variable 

Spreading factor (OVSF) codes that are assigned to a user. We can have maximum 16, 16 bit 

codes that can be assigned to one user. But in reality we cannot assign all these codes to a 

single user, as we still have to support the common and broadcast channels, and have to 

provides code for voice calls too. 

The channels assigned to a UE is based on the Channel Quality Index (CQI) that it reports 

back to the network. Our UE is configured to be the closest to the network and reports the 

best CQI among other users. So our client gets the most codes. This can be explained by the 

fact that the throughput for other user goes lower as seen in Figure 18, when the DASH 

client comes into the network. This means that the DASH client is affecting the overall 

throughput in the network, because of the fall in bandwidth, seen in Figure 18. But that 

discussion is out of the scope of this work. 

We also see a lot of variation in the throughput shown in the Figure 17. This variation and 

peaks can be explained by the nature of TCP, we are using HTTP and HTTP uses TCP. It is 

worth looking at the Window Size of the Client, to see if the peaks and large variation is 

really due to the TCP nature. 

 

Figure 18 TCP Window Size for 5 sec segments of Dash 
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Looking at the TCP window in Figure 19 we realize the relation between the two graphs is in 

fact due to the working of TCP. 

The Client starts with the representation 256K, which is the lowest available representation 

in terms of bit rate that is available to the client. 

After the first segment it switches to the next representation 512K, after this there is no 

switch to a higher representation. 

In figure 16 we see a peak throughput of 1715408 at time 130 secs in the figure. At this 

instant the throughput available is more than the bandwidth specified in the MPD for 1024K 

Representation. 

At this instant the rate adaptation algorithm could have made a bad decision to switch, but 

this is not how it works. We are taking the size of whole window and not one instantaneous 

value. The DataRate that is calculated in eq. 2 is calculated for the duration of receiving the 

media data. Figure 19 gives a zoomed in view of figure 18 to explain this point. 

 

 

Figure 19 TCP Window Size Zoomed 
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Figure 20 Rate Adaptation and Window 

 

In Figure19 what we see is that we start with a smaller initial window size of 4MSS. After 

which we see a small duration where we do not enter the slow start phase of TCP, this is 

explained later. When the value of window size reaches the threshold value of 65535 bytes, 

after this we enter the additive increase phase where we keep an eye on the possibility of 

congestion in the network.. 

The fall in the size of window is not due to the transmission time out or detection of 

duplicate ack’s. It is in fact due to the breaking of TCP connection. As we request the 

segment and get the media data in our buffer we are dropping the connection. And for the 

next request we are making a new TCP Connection. 

The small duration where we do not get into a slow start phase is that when we are sending 

a request for sidx box or for the initialization segment. A new connection is established 

every time for a sidx or initialization segment after which we again start from the initial 

4MSS window size. 

We also see that we are not utilizing the actual network capacity as we are getting a good 

CQI and can go much higher in terms of utilizing the bandwidth, but for each new 

connection we are wasting a lot of bandwidth. And by the time our window size increases 

the media data has been transferred. 

One way to fix this could be to increase the size of segment. If we have a bigger segment 

size, we would spend more time with a bigger window size. 

10 secs Segment 

It takes 70 secs to fetch the whole media data. So we see a better performance in terms of 

bandwidth utilization. 
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Figure 21 TCP Window Size for 10 sec segments of Dash 

 

In this case we do not see as many drops in the window size as in the last case. And the 

effect is that we get the whole data in lesser interval. We also switch to higher 

representation of 1024K after the 11
th

 segment is received for two fragments. After which 

there is again a switch down to the 512K representation. The 20 peaks in Figure 21 

correspond to the 20 HTTP requests for media data by the DASH Client. 

 

6.4 Apple Performance for 5 and 10 sec segments 

 

5 sec Segment 

Apple starts with the lowest representation of 256K that is available to it. It requests the 

first 5 segments for the 256K duration, before deciding to switch to 512K representation. It 

fetches the same segment once more before moving on to new segments. 

The whole data is fetched in 45 seconds. Which shows us that though Apple HTTP live 

streaming performs better in terms of time to fetch the whole data, it requests more 

segments with lower bit rate and switching is not instantaneous, it takes time to move to 

the new representation. 

Apple uses the TCP Window Scale option, by TCP Window Scale option the buffer size is 

increased and it allows for much faster transfer of the file to the MAC Client, seen in Figure 

23.  

But apple seems to have a very conservative strategy when switching up. As it does not 

switch to a higher bandwidth even when it has a lot of available bandwidth. 
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Figure 22 PDCP Downlink Throughput of Apple Client on 5 sec segments 

 

 

 

Figure 23 Window Size of Apple Client on 5 sec segments 

 

 

Apple 10 secs 

It takes 49 secs to download the content. 
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Figure 24 PDCP DL throughput for 10 sec Apple segments 

 

We can see that the throughput for apple is much more than that for DASH. The Client 

fetches the first 3 segments with 256K, and from there onwards switches up to 512K. 

Under the same network conditions DASH performs better even with lower throughput. 

DASH has a more aggressive strategy towards switching than Apple. 

6.5 Quality of Data Fetched 

 

The Quality calculation has been defined as the Quality perceived by the user with respect 

to the highest available quality at the server, it is given in Table 3 and 5 for the 

representations available. 

This perceived quality can be both an estimation of the Adaptation Algorithm and of the 

user experience. Quality has been calculated as follows, for scenarios in section 6.3 and 6.4. 

Each representation has been assigned a weight, the maximum being 1. Quality is calculated 

by adding the weight of each representation multiplied by the number of segments fetched 

for that representation. And dividing this by the best possible quality that can be fetched. 

Video Name Number of Fragments Fetched Weight 

256K.3gp 1 1*0.25 =0.25 

512K.3gp 19 0.50*19=9.5 

1024K.3gp 0 0 

2048K.3gp 0 0 

Table— 6 Representations fetched for 5 sec Dash Segments 
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Video Name Number of Fragments Fetched Weight 

256K.3gp 1 0.25*1 =0.25 

512K.3gp 7 0.50*7=3.5 

1024K.3gp 2 0.75*2=1.5 

2048K.3gp 0 0 

Table— 7 Representations fetched for 10 sec Dash Segments 

 

Video Name Number of Fragments Fetched Weight 

256K.3gp 5 (counted as 4) 0.25*4 =1 

512K.3gp 16 0.50*16=8 

1024K.3gp 0 0 

2048K.3gp 0 0 

Table— 8 Representations fetched for 5 sec Apple Segments 

 

Video Name Number of Fragments Fetched Weight 

256K.3gp 3 (counted as 2) 0.25*2 =0.5 

512K.3gp 18 0.50*18=9 

1024K.3gp 0 0 

2048K.3gp 0 0 

Table— 9 Representations fetched for 10 sec Apple Segments 

Scenario Quality Fetched 

DASH 5 sec 0.4875 

DASH 10 sec 0.525 

Apple 5 sec 0.45 

Apple 10 sec 0.475 

Table—10 Quality values for section 5.3 and 5.4 
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CHAPTER 7 

 

CONCLUSION AND FUTURE WORK 

7.1 Drawbacks and enhancements required for the Rate Adaptation Algorithm 

 

One main drawback of the rate adaptation algorithm is the absence of decision making 

based on the buffered media data available at the client. 

The main reason for this is the present limitation of the DASH implementation done. We 

have a Media Decoder to decode the data, but this has been integrated into the code and 

does not run as a separate process. This means that the fragments are fetched and 

presented to the Decoder as soon as they are fetched.  

The Decoder decodes the data and gives the Decode time information available in the 

segment. 

As soon as the fragment data is received it is instantaneously decoded by the Media 

Decoder. 

However there has been support provided for the Minimum buffering time. This is done by 

presenting data to Media Decoder after the media segments have been buffered for the 

minimum buffer duration. 

This is done as follows. 

•  Read Minimum Buffer Duration from the MPD 

•  Read the Segment Duration specified from the MPD 

•  Fetch the first Sidx box 

•  Read how many fragments we have in the segment and the segment time from sidx 

Let  

 ����������  = the Minimum buffer time specified in MPD, it gives us the    

media in seconds available to the client before starting playout 

�������������  = the segment time  
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������������   = the number of subsegments in one segment 

then 

 

���������������� �
�������������

������������
 

From this we can calculate the number of subsegments to be stored in the buffer, which 

together have a presentation time more than the Minimum buffer duration time. Once we 

have the desired number of subsegments in our buffer we can start presenting the media 

data to our decoder. 

 

���������������� �
����������

����������������
 

 

Based on this duration of ���������������� we can set the buffer length.  

Once we have the subsegments in the buffer the data is presented to the media decoder, 

with every new subsegment request, the first subsegment in the buffer is presented to the 

media decoder. This buffer can be thought of as a queue of fixed length of 

����������������. 

The Minimum buffer period works fine and has nothing to do with the rate adaptation and 

should work well with the extensions proposed to my rate adaptation algorithm.  

 

We will re-use µ which holds the same definition as specified in eq 1 in Section 3.3.1. 

We also have a buffer available at the client end, this buffer is of a finite length. We have 

the minimum buffer duration available to us from the MPD. 

The data is consumed independently from the http requests, i.e. it is a separate process that 

delivers data to the media player. It can be a process similar to Leaky Bucket Algorithm. 

The Switch up decision will take place when we have µ>1 and also the buffered media time 

is greater than the minimum buffer duration. 

The Switch down takes place when we have µ<1 and buffered media time is less than the 

minimum buffer duration [15]. 
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Having a persistent TCP Connection specified in Section 1.6.1 would also help us in avoiding 

the slow start phase of TCP that we have to go through for every new request. But this 

would require going lower than the Application layer to the Transport layer. Support for 

Persistent HTTP Connection has been provided already, and it would require minimal 

changes and would increase the performance considerably.   

There we can evaluate the TCP segments, before we get the whole stream, and we can send 

the new http request before completely receiving the last request. This would allow us to 

get a better throughput and avoid the TCP slow start phase every time. 

For eg. If we are having 5 sec subsegments, then we can evaluate the network conditions 

based on the last request, when we have the data for only 3 secs. This way we can improve 

our overall throughput. 

This concept will also require having a buffer mentioned in this section 

 

7.2 Drawbacks of Apple HTTP Live Streaming 

 

•  No Support for Sub segments 

•  Switching can only take place at the segment level 

•  Extra Network resources consumed when switching 

•  Initial Playout delay equal to one segment duration, if segment is too large the initial 

playout could be large and annoying for the user, initial playout delay is the time it 

takes to start playing the video to the user after request 

•  No parameter to specify if doing Live or on demand streaming, so looking for 

updated Playlist file continuously. 

 

7.3 Further Work 

 

DASH is a new standard and it requires a lot more study to be done and there is a lot of 

room for improvement. 

The rate adaptation algorithm proposed can be improved further for HSPA network by using 

the information from the RLC and MAC layers to prioritize DASH data flow and providing a 

QOS guarantee. There is also a need to separate the process of data consumption and HTTP 

requests, a leaky bucket algorithm can be a good idea in this case. 

This implementation is only for ‘On demand’ video but should also work fine with ‘Live’. 

There is a need to test DASH with Live Streaming. 
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7.4 Conclusion 

 

Adaptive HTTP streaming is very beneficial for the end user and for the network operators 

too. The end user benefits as he does not have to care about plugins and codecs. Dash is 

designed to work with an HTTP Server and a Client, and the user does not have to worry 

about the underlying network conditions as DASH will automatically adjust to the network 

conditions. So a user with lower network throughput can also enjoy the streaming 

seamlessly. 

Apple HTTP streaming has similar benefits but you need a specific Client for it, which should 

either be an ipod, ipad or a MAC. This is one of the big drawbacks and DASH addresses this 

drawback. 

Apple also recommends switching to be done at 10 secs. So the segment duration has to be 

ten seconds, this implies that switching can only occur at 10 sec boundaries. So for small 

videos over an HSPA network, it is not very well suited, as it would take a much longer time 

to adjust to conditions. Dash on the other hand can switch within fragments at the RAP 

boundaries, this allows for much better adaptation to the network conditions. 
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Annex A 

SAMPLE MPD 

 

<?xml version="1.0" encoding="UTF-8" standalone="no" ?>  

<p1:MPD xmlns:p1="urn:3GPP:ns:PSS:AdaptiveHTTPStreamingMPD:2009" 

mediaPresentationDuration="PT101S" minBufferTime="PT2S" type="OnDemand"> 

<p1:ProgramInformation moreInformationURL="http://www.example.com"> 

  <p1:Title>Sample Program Title</p1:Title>  

  <p1:Source>Sample source info</p1:Source>  

  <p1:Copyright>(c) Sample Copyright</p1:Copyright>  

  </p1:ProgramInformation> 

<p1:Period bitStreamSwitchingFlag="true" id="0" segmentAlignmentFlag="true" 

start="P0Y"> 

  <p1:SegmentInfoDefault baseURL="http://www.example.com/BaseURL/" 

startIndex="1" />  

<p1:Representation bandwidth="1384906" group="0" height="480" id="0" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1"> 

  <p1:InitialisationSegmentURL sourceURL="1024K-init.3gp" />  

      <p1:UrTemplate endIndex="20" sourceURL="1024K-$index$.3gp" />  

  </p1:SegmentInfo> 

  </p1:Representation> 

 

<p1:Representation bandwidth="615891" group="0" height="480" id="1" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1" >  

  <p1:InitialisationSegmentURL sourceURL="128K-init.3gp" />  

     <p1:UrTemplate endIndex="20" sourceURL="128K-$index$.3gp" />  

    </p1:SegmentInfo> 

 </p1:Representation> 

 

<p1:Representation bandwidth="2530052" group="0" height="480" id="2" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1" endIndex="20">   

  <p1:InitialisationSegmentURL sourceURL="2048K-init.3gp" />  

   <p1:UrTemplate endIndex="20" sourceURL="2048K-$index$.3gp" /> 

  </p1:SegmentInfo> 

  </p1:Representation> 

 

<p1:Representation bandwidth="615891" group="0" height="480" id="3" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1" endIndex="20">   

 <p1:InitialisationSegmentURL sourceURL="256K-init.3gp" />  

  <p1:UrTemplate endIndex="20" sourceURL="256K-$index$.3gp" /> 

  </p1:SegmentInfo> 

  </p1:Representation> 
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<p1:Representation bandwidth="797061" group="0" height="480" id="4" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1" endIndex="20">    

<p1:InitialisationSegmentURL sourceURL="512K-init.3gp" />  

    <p1:UrTemplate endIndex="20" sourceURL="512K-$index$.3gp" /> 

  </p1:SegmentInfo> 

  </p1:Representation> 

 

<p1:Representation bandwidth="615891" group="0" height="480" id="5" 

mimeType="video/3gpp; codecs='mp4v,mp4a'" startWithRAP="true" width="640"> 

<p1:SegmentInfo duration="PT5S" startIndex="1" endIndex="20">    

<p1:InitialisationSegmentURL sourceURL="64K-init.3gp" />  

 <p1:UrTemplate endIndex="20" sourceURL="64K-$index$.3gp" />    

</p1:SegmentInfo> 

  </p1:Representation> 

  </p1:Period> 

  </p1:MPD> 
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Annex B 

Attributes for MPD, PERIOD and Common Attributes for Representation Group and 

Representations, Adapted from [14] 

MPD 

Element or Attribute Name Description 

MPD The root element that carries the Media Presentation 

Description for a Media Presentation.  

 @type “OnDemand” or “Live”. 

Indicates the type of the Media Presentation. Currently, on-

demand and live types are defined.  

 @mediaPresentationDuration Specifies the duration of the entire Media Presentation. If 

the attribute is not present, the duration of the Media 

Presentation is unknown. 

 @minBufferTime Provides the minimum amount of initially buffered media 

that is needed to ensure smooth playout provided that each 

Representation is continuously delivered at or above the 

value of its @bandwidth attribute. If not present, each 

Period element shall contain the @minBufferTime attribute. 

 

PERIOD  

Element or Attribute Name Description 

 Period Provides the information of a Period.  

  @id Provides a unique identifier for this Period within the Media 

Presentation. The @id of the Period shall remain unchanged 

over an MPD update. 

  @start Provides the start time of the Period.  

  @duration Provides the duration of the Period.  

  @bitstreamSwitchingFlag When this flag is set to ‘true’, the concatenation of any 

Initialisation Segment within the same Group in a Period, if 

present, with all consecutive Media Segments from any 

Representation within this same Group, starting with the first 

Media Segment, results in a syntactically valid bitstream 

(according to the specific bitstream format) that is also 
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semantically correct (i.e. if the concatenation is played, the 

media content within this Period is correctly presented). 

This flag shall not be set to ‘true’ when 

@segmentAlignmentFlag is set to ‘false’. 

More detailed rules may be defined for specific Initialisation 

and Media Segment formats.  

  SegmentInfoDefault Provides default Segment information about Segment 

durations and, optionally, URL construction. 

  Subset This element contains a description of a Subset. 

  Group This element contains a description of a Group. 

  Representation This element contains a description of a Representation. 

 

 

GROUP, REPRESENTATION AND SUB-REPRESENTATION ATTRIBUTES AND ELEMENTS 

Element or Attribute Name Description 

  Group, Representation, 

SubRepresentation 

Element 

   @width Specifies the horizontal visual presentation size of the video 

media type in an alternative Representation on a square grid 

determined by the @parx and @pary attributes.   

   @height Specifies the vertical visual presentation size of the video 

media type in an alternative Representation, on a square grid 

determined by the @parx and @pary attributes. This value 

should be equal to the vertical pixel resolution of the video. 

   @parx indicates the horizontal size of the encoded video pixels 

(samples) (in arbitrary units). The default value is 1.   

   @pary indicates the vertical size of the encoded video pixels (in the 

same arbitrary units as @parx). The default value is 1.   

   @frameRate Specifies the output frame rate or the output field rate of the 

video media type in the representation for progressive or 

interlaced video, respectively. If the frame or field rate is 
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varying, the value is the average frame or field rate over the 

entire duration of the representation. In case of a multiview 

complementary Representation, the value indicates the 

frame or field rate of a single view. 

   @lang Declares the language code(s) for this Representation 

according to IETF RFC 5646.  

Note, multiple language codes may be declared as a white-

space separated list and indicate that the representation 

may suit a preference for any of the indicated languages. For 

a full indication of what media is offered under each 

language, the Initialisation Segment or a Media Segment may 

have to be accessed. 

   @mimeType Gives the MIME type of the Initialisation Segment, if present; 

if the Initialisation Segment is not present it provides the 

MIME type of the first Media Segment.  

Where applicable, this MIME type shall include the codec 

parameters for all media types. The codec parameters shall 

also include the profile and level information where 

applicable.  

   @group Specifies the group.  

   @maximumRAPPeriod Provides the maximum time interval between RAPs in 

seconds in this Representation. If not present, it is 

unspecified. The index and the presentation time of any RAP 

shall either be documented by the Segment Index or is 

implicitly defined by the @startWithRAP attribute set to 

‘true'.  

   @startWithRAP When 'true', indicates that all Segments in the 

Representation start with a RAP (both in terms of data and in 

terms of presentation time). The presentation time of the 

RAP shall either be provided explicitly by the Segment Index 

or, if the @segmentAlignmentFlag is true, may be inferred 

from the presentation time of the last sample of the previous 

segment. 

   ContentProtection Provides information about the use of content protection for 

this Representation or Group of Representation. 
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When not present the content is neither encrypted nor DRM 

protected. 

When multiple elements are present, then the successful 

processing of one of the elements is sufficient to access the 

described Representations. 

   Accessibility Provides information about Accessibility Information scheme 

   Rating Provides information Content rating scheme 

   Viewpoint Provides information Content View Point annotation scheme 

   MultipleViews Provides information for video that contains multiple views  
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