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Introduction

Streaming is a technique for transferring data such that it can be processed as a steady and continuous stream. Streaming technology is becoming very popular with the growth of Internet because most of the Internet users still do not have access to the broadband connection to download large multimedia files quickly. The client browser can start displaying the files before the entire file has been transmitted with streaming technology. It's called Streaming because the requested data flow as stream of digital bits from a server to client PCs. A small buffer space is created on the client’s computer, and data starts downloading into it. As soon as the buffer is full (usually it takes about 10 – 30 seconds), the file starts to play. As the file plays, it uses up information in the buffer, but while it is playing, more data is being downloaded. As long as the data can be downloaded as fast as it is used up in playback, the file will play smoothly. 

Advantages / Disadvantages of streaming server

The advantages of this technique are: it saves downloading time of large audio or video files those are stored in the server, it provides steady service, the slower systems can take advantages of this technology, provide real time service and service on demand. 

The disadvantages of this technique are: It is difficult to keep the service steady if Internet bandwidth is low, the maintenance cost of streaming server is relatively costly, Packet loss may occur during the transmission. There are several ways the streaming technology can be utilized: 

· Live video and audio can be streamed to the desktop 

· Asynchronous video-on-demand can be used to replace videotape backup or as a supplement to web-based courses 

· Video and audio can be streamed from a CD-ROM

Streaming Technology      

Audio video playout is not integrated in web client. In order to view or listen the streamed files, a client requires a helper application. This helper application is called   media player. A media player has nice graphical user interface that allows a user to see the status of the media file. The basic media players are free and are available for Windows, Macintosh, and UNIX systems.

There are three main streaming media companies: RealPlayer (Real Networks), Media Player (Microsoft) and QuickTime (Apple). All three provide streaming media players for the Mac and Windows platforms. All three also provide Basic media player for free and optional Plus players at an extra cost that offers extra features. The three media player types vary in cross-compatibility. Many Web sites also use Macromedia's Flash/Shockwave for audio and visual effects. 

The basic tasks of the media players are: Decompression, Jitter Removal and Error Corrections.

Decompression: Server usually stores compressed data in order to save disk storage. When a client request for a particular file, the server sends compressed data. The client’s helper application or media player decompress the data in order to play it.

Jitter Removal: Packet jitter occurs when packets arrive at the destination through various router paths. The received packets usually do not arrive in order. However, audio video must be played out with the same timing with which was recorded. A receive buffer at the media player usually keeps these received packets for a short period of time to remove this jitter.

Error Correction: A fraction of packets in the packet stream can be lost due to unpredictable congestion in the Internet. If this fraction is too large, then quality of audio/video could be unacceptable. There are several ways, the streaming techniques tries to recover the loss: 1) Reconstruct lost packets through the transmission of redundant packets. 2) Having the client explicitly request retransmission of lost packets. 3) Masking loss by interpolating the missing data from received data.   

Delivery methods of streaming media:

· Streaming Stored Audio and Video: Clients request on-demand compressed audio or video files those are stored on servers. Usually these files are prerecorded and stored on servers. The client may pause, rewind, fast-forward, or index through multimedia content. For example, professor’s lecture, rock songs, full length movies and so on.

· Streaming Live Audio and Video: This class application allows a user to receive a live radio or television over Internet. User cannot pause, rewind, fast-forward through the media.

· Real-Time Interactive Audio and Video: This class of application allows users to use audio/video to communicate with each other in real time. For example, Internet phone, video conferencing.

Accessing Audio and Video Through a Web Server
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Figure 1: Accessing Audio and Video through a Web server

In figure 1, 1) A browser establishes a TCP connection with the web server and requests an audio/video file using HTTP request message. 2) As response, the web server sends the audio/video file. 3) The content type header in the HTTP response message carries a specific audio/video encoding. The client browser launches the media player and passes the file to the media player after examining the content type. 4) The media player plays the audio/video file.

A straightforward approach is showed in the figure 1. However, this approach has a major drawback because the web browser works as intermediary, the entire file needs to be downloaded before the browser passes the file to the media player. For this reason, the delay before playing audio/video clips could become too long and that could be unaccepted by the users. Therefore, a new approach has designed that a web server can send files directly to the media players. In other words, a direct socket connection is created in between the web server process and the media player process. This is done by creating a meta file. A meta file that keeps information of URL, type of coding, and other information about the audio/video file that is to be streamed. In this case, the browser retrieves the meta file from the web server. By examining the content type of the meta file, the browser launches appropriate media player. The media player sets up a TCP connection directly with the HTTP server. The media player send HTTP request for the audio/video file into the connection, the server responses back with the requested file. The media player streams out the audio/video file and the user can play out that file after a few seconds.

Accessing Audio and Video Through a Streaming Server

HTTP is not an adequate or sufficient to provide satisfactory user interactions. HTTP does not allow a user to send the rich functionalities of media players such as pause/resume, rewind/forward, reposition to the server. 

Streaming server and streaming protocol over come the limitation of HTTP and TCP for audio/video. Typically streaming server uses UDP rather than TCP. Streaming server uses UDP because it is faster protocol than TCP and streamed files play smooth if the transfer rate is higher. This architecture requires two servers (logically or physically). One is web server and the other one is streaming server. Media players request audio/video files to the streaming server directly instead of to the web server.  

Real Time Streaming Protocol

Internet multimedia users like to have video or audio on-demand which is users want to control the media players. In other words, the users want to control play back functions such as pause, rewind, fast-forward and reposition. Real Time Streaming Protocol (RTSP) provides the functionalities of interaction in between client and server. RTSP is a protocol that allows a media player to control the transmission of a media stream for exchanging control information. The users are unable to pause, rewind, fast-forward without the help of RTSP. RTSP stays in the application level and work in conjunction with the low level protocols such as RTP, RSVP as a bundle. RTSP uses RTP in order to format the packet of multimedia content. RTSP is designed to broadcast audio-visual data to large groups efficiently. RTSP grew out of work done by Columbia University, Netscape and Real Networks.

Characteristics of RTSP
· RTSP does not care compression schemes for file.

· RTSP does not care encapsulation in packets for transmission over a network. Encapsulation for streaming media can be provided by RTP or by a proprietary protocol.

· RTSP does not restrict the way of transportation. It can be transported over UDP or TCP.

· RTSP does not care how media player is buffering audio/video files.  The audio/video can be played out as soon as it arrives at the destination, or played out after a few seconds, or played after download.

Other Important Features
· RTSP has several important properties. RTSP is extensible. New methods and parameters can be easily added to RTSP.
· RTSP is transport independent protocol. RTSP can run over TCP or UDP because it has own reliability mechanism. 
· In RTSP, stream control is separated form inviting media server.

· RTSP is multi-server capable Client can establishes several concurrent control sessions with the different media servers.

· In RTSP, clients can negotiate with media server about transport protocol and port. 
· RTSP reuses HTTP concepts and extends HTTP methods. However, there are  some important differences in between HTTP and RTSP.

Difference Between HTTP and RTSP

· RTSP has new methods unlike HTTP, for example streaming control.

· RTSP server maintains state of the client for each RTSP session, where as HTTP is stateless. 

· In RTSP, both server and client can issue requests but in HTTP, only client side can request.

· RTSP messages are sent out-of band, and media stream (data) whose packet structure is defined RTP is sent in-band. RTSP message and media stream is sent on different channel but HTTP uses same channel to send control message and data.  RTSP channel is in many ways similar to FTP’s control channel.

RTSP Message Format

RTSP message has the same format as HTTP as follows:

	Start Line

	Message Header

	……

	Message Header

	CRLF

	[message body]


Typically a RTSP message has three main components. The first component is Start Line. The second component is header fields. The message can have zero or more header fields. A message header must end with a carriage return. The third component is message body that is optional.

If a start line is sent in a request is called Request-Line, otherwise, if in a response is called Status-Line.

· Request-Line

	Method 
	space
	Request-URI
	space
	RTSP-Version
	CRLF


There are three main fields in Request-Line: Method, Request-URI and RTSP-Version are separated by a space and the header is ended with a carriage return. Method field specifies the method to be applied to the resource. For example, a method could be PAUSE, PLAY, TEARDOWM, etc. The request URI is the ID of the resource file. AN URI could be an URI. RTSP-Version filed indicates the version of this protocol. The current protocol version is RTSP 1.0.

· Status-Line

	RTSP-Version
	space
	Statue Code
	space
	Reason Phrase
	CRLF


There are three main fields in Status-Line like Request-Line. Status code is 3 bit code specifying the response status. For example, the code 200 means “OK”, 201 means “Created”, 302 means “Moved Temporarily”. RTSP-Version filed indicates the version of RTSP and Reason phrase is a short text description of the status code. 

RTSP message header field

There are four different types of header fields: 

· General-header field: General header field is used for general validity.

· Request-header field: This header field allow the sender to add additional information that could not fit in the Request-Line. 

· Response-header field: This header field allow the recipient to add additional information that could not fit in the Status-line. It could be a name of a server and access information to it.

· Entity-header field: Request or Response method may transfer an entity. Entity-header field allow optional meta information about the entity body.

The generic format of the header field is:


Presentation Description

A web browser first requests for a presentation description file from a web server. The  presentation description file (meta file) contains references to several continuous media files and the orders of synchronization of the continuous media files. Let’s review a sample of presentation description file below:

<title> Music </title>

<session>

<group language=en lipsync>


<switch>


     <track type=audio



e=”PCMU/8000/1”



src=”rtsp://audio.com/music/audio.en/lofi”>


     <track type=audio



e=”DV14/16000/2”  pt=”90 DV14/8000/1”



src=”rtsp://audio.com/music/audio.en/hifi”>


</switch>


    <track type=”video/jpeg”



src=”rtsp://video.com/music/video”>

</group>

</session>

In this presentation file, an audio and video stream are played in parallel and in lip sync (as a part of the same group). Media player has an option to run either low-fidelity recording or high-fidelity recording.

To retrieve a video/audio file from a streaming server, a client and a server correspondence to each other through a series of RTSP messages. Figure 2 below is the illustration of RTSP Operation.
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Figure 2: RTSP Operation

The operation is described by following steps. 

1. The browser first requests the presentation description file to a server. The server encapsulates the presentation description file in a HTTP response and send message to the browser.
2. The browser passes the file to the media player. The player sends an RTSP SETUP requests to the server. At SETUP request, the client initiates the SESSION, providing the source location (URL) of the file to be streamed and the version of RTSP. A session starts when a client establish a connection and session ends when a client teardowns the connection with the server. The SETUP message also includes the client’s port and the transport protocol for example UDP. Server responses “OK” message.

3. The player sends an RTSP PLAY request, say for low-fidelity audio and server responds with an RTSP in-band channel. 

4. Later, the player sends an RTSP PAUSE request, the server responds with an RTSP “OK” message.  

5. When the user is finished, the player sends an RTSP “TEARDOWN” request, and the server confirms with an RTSP OK message. 

Real-time Transfer Protocol (RTP)

Real-time Transfer Protocol (RTP) is an Internet Protocol for transmitting real-time data such as audio and video. RTP is used to encapsulate segments. RTP itself does not guarantee real-time delivery of data, but it does provide mechanisms for the sending and receiving applications to support streaming data. Typically, RTP runs on top of the UDP protocol. 

RTP has received wide industry support. Netscape intends to base its “LiveMedia” technology on RTP, and Microsoft claims that its NetMeeting product supports RTP. 
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Figure 3: RTP header field

Payload type: It is a 7 bit long field. This field indicates the type of encoding. For example, for audio type could be PCM, adaptive delta modulation, for video, the type could be JPEG, MPEG 1, MPEG 2.

Sequence Number: It is a 16 bit long field. The sequence number increments by one for each RTP packet sent. 

Timestamp: It is a 32 bit long field. Timestamp is derived from a sampling clock at the sender. 

Synchronization Source Identifier: It is a 32 bit long field. It defines the source of RTP stream. Each stream in RTP session has a distinct synchronization source identifier.

Removing Jitter

In order to remove jitter, the receiver attempts to provide synchronous playout of data chunks in the presence of random network jitter. This removal mechanism combines the following properties: Sequence Number, Timestamp, Delaying playout.

We already know about Sequence Number and Timestamp from the message format of RTP (above). The playout delay of the received data chunks must be long enough so that most of the packets are received before their scheduled times. This playout delay can either be fixed or adaptive. Packets those do arrive before their scheduled playout times are considered lost. 

Fixed Playout Delay: If a chunk has t time stamp and receiver playout delay is q msec, then the receiver plays out the chunk at t+q right after receiving the chunk. Now playout delay q does not have any fixed value. The value depends on application. Some multimedia application can tolerate up to 400 msec, for example Internet telephone. Now if the value of q is fixed much smaller than 400 msec, then many packets may miss their scheduled playout time due to network jitter. Therefore, the number in between 150 to 400 msec would be a smart choice. 
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Figure 4: Two different fixed playout delays

In figure 4, let’s assume packets are being generated every 20 msec (left most staircase). First packet received at time r and playout time has set at p. The playout delay q will be for first scenario is q = p-r. With this schedule, the fourth packet reaches late, therefore, it misses the playout. Now let’s the second playout schedule, the playout delay is set          q( = p( - r. According to this schedule, all packets arrived before their scheduled playout time. Therefore, there is not any packet loss.

Error Correction

Forward Error Correction
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Figure 5: Mechanism of Forward Error Correction

Forward Error Correction (FEC) is the mechanism to send redundant encoded data with the original stream. Sending redundant data with the original stream increase transmission cost significantly. Therefore, FEC has a second approach to send lower-resolution as redundant data. In figure 5, the redundant data were sent with the original stream over the Internet. Packet 3 did not reach at the receiver. The receiver reconstructed the stream from the received stream. The receiver was able to play out the stream with the lower resolution packet 3 instead of the original one but it is obvious that the lower resolution packet will decrease quality slightly. Moreover, received redundant packets increase the transmission bandwidth and playout delay. In this mechanism, if two or more packets are lost during the transmission time, the receiver cannot construct the missing packets.  

Interleaving

Interleaving is the alternative of redundant transmission. In Interleaving, chunks are divided by units.  In figure 6, original stream has four chunks and each chunk is divided into four equal size units. Let’s assume that each chunk is 20 msec long and each unit is 5 msec long. The first chunk is created in interleaved stream by the first units of each chunk. 
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             Figure 6: Sending Interleaved Data                            Reconstructed stream

The second chunk in interleaved is created by the second units of each chunk, the third and the fourth followed the same strategy. In received stream, the third chunk got lost during the transmission time.  The original stream was reconstructed at the receiver even though there was a packet loss.  Reconstruction is possible in Interleaving with small gaps.  

Conclusion

Streaming is a technique that allows to transfer data in a steady and continuous stream. The benefits of this technique are: it saves downloading time of large audio or video files those are stored in the server, it provides steady service, the slower systems can take advantages of this technology, provide real time service and service on demand. In order to playout streamed files, a client requires a helper application or media player. Media player performs three tasks: Decompression, Jitter Removal and Error Corrections. Streaming Server stores compressed data on the server to save disk storage. When a client requests through a media player for a particular file to the streaming server , the server send compressed file to the client’s media player. Then, the media player decompresses the file and plays it out. Media players use Fixed Playout Delay and Adaptive Playout Delay mechanisms in order to remove network jitter. For error corrections, media players use Forward Error Correction and Interleaving techniques. Streaming technology requires additional streaming protocols along with TCP, UDP and IP. These streaming protocols are RTSP, RTP, and SIP protocols.
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