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Abstract

The technology management and technology changes in IT
industry are very critical for achieving the surviving
competitiveness. To remain competitive in the global era in
IT Company has to look for new application and new
optimization technique or designing tools to support the
operational technology mix in the global arena. This paper
discusses the Develop optimization technique to secure
transmission and use low compression coding, band width
optimization, resulting in high quality video with high
interactive streaming. Real-time Transport Protocol (RTP)
is used for streaming the video. Technique critically
evaluates an open and extensible presentation system for
synchronized, Internet-based multimedia to support the
technology technique for effective operational
requirements. An algorithm has using to develop the
system and implementing using a specific set of emerging
technologies with Java and Java Media Framework (JMF).
This paper analyze the optimization technique to support
the operational technology in the IT environment.

. . ) 1. Introduction
Keywords - Video transmission, Java Media Framework

(JMF), Real-time Transport Protocol (RTP) The Synchronization in multimedia systems refers to the

temporal relations between media objects in multimedia systems
(Figure 1). In future multimedia systems synchronization may
also refer to spatial, content as well as temporal relationships.
Synchronization between media objects comprises relationships
between time-dependent media objects as well as time-
independent media objects. If the presentations units of all units
of a time-dependent media object are equal, it is called a
continuous media object. Multimedia refers to the integration of
text, images, audio, and video in a variety of application
environments. These data can be heavily time-dependent, such
as audio and video in a movie, and can require time-ordered
presentation during use. The task of coordinating such
sequences is called multimedia synchronization (Figure 2) [1].
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Fig 1: Multimedia Systems

Synchronization may need to occur at different levels in a
multimedia system, consequently synchronization support is
typically found in the operating system, communication system,
databases, multimedia documents, and the application [2].

]
' Firrre
—t I H 2 3 » SOUrCEe
3 i =
::". -1___ e jitter
13 L
— 1 3 H =2 receiver
" .y -
! s S recrder & syvic
¥ e . s,
+ { 1 H 2 H 3 |—= playback
] i

Fig 2: Illustration of synchronization mechanism

2. Media Quality of Services (Q0S)

The QOS of media items is mainly related to how well an item can
be presented according to its internal temporal structure, that is,
its sampling rate or frame rate. The requirements on the network
and presentation system become more severe as the information
content or fidelity of the transmitted signal is increased. For time
independent media types this discussion does not directly apply,
since the presentation of such items typically involves retrieving
the complete item before presenting it.

2.1 Audio

Audio signals are extremely sensitive to transients such as
inaccurate sample values or variations in the playback rate. For
example, the omission of a single sample during the playback of
an audio stream may introduce a sharp transient in the rendered
audio waveform.

2.2 Video

Human perception of video signals is not time-critical to the
same extent as for audio. In particular it is difficult for a human to
detect the exact frame rate of a video signal. It is impossible, for
example, to distinguish between the frame rates of 25 frames/s
and 24 frames/s.

3. Dimulation and Inter Object Synchronization

Intra-object synchronization: Intra-object synchronization refers
to the time relation between various presentation units of one
time-dependent media object. An example is the time relation
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between the single frames of a video sequence. For a video with a
rate of 25 frames per second, each of the frames must be
displayed for 40ms (Figure 3).
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Fig 3: Intra —object Synchronization

Inter-object synchronization: Inter-object synchronization refers
to the synchronization between media objects. Figure 4 shows
that the time relations of a multimedia synchronization that
starts with an audio/video sequence, followed by several
pictures and an animation that is commented by an audio
sequence [1].
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Fig 4: Inter-object Synchronization

3.1 liveand syntheticsynchronization

The goal of live synchronization is to exactly reproduce at a
presentation the temporal relations as they existed during the
capturing process. In the case of synthetic synchronization, the
temporal relations are artificially specified.

Modell: [Sync. by location alignment]

1.1loop { /* playback a media-unit*/

2. estimate video-waiting-time; /* Eq. (1) or Eq. (2)*/

3.retrieving-and-playback-audio-segment();

4. retrieving-and-playback-videoframe();

5. waiting (video-waiting-time);

6.} until end-of-playback

video-waiting-time =audiosegement-size (e8]
audio-sampling size

video-waiting-time =audiosegement-size + systemoverheads
audio-sampling size 2)
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Fig 5: Media lifetime concept and the
delay-or-drop policy.
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InModel I, media-unit playback and synchronization control are
embedded in a loop structure. The basic idea of the proposed
approach is not to perform both the intra-media and the inter-
media synchronization within a loop structure, but distribute the
jobs of synchronization from only one process to many
individual processes.

A good synchronization algorithm must guarantee both inter-
media and intra-media synchronization within the given
tolerable precision which is application dependent (Figure 5). At
the same time, some video frames (V1,V2.....Vn) the associated
audio segment in the same time interval should also be played
back precisely under the enforced time-constraint to insure the
intermedia synchronization. Some primitive functionality such
as multiprocessors/multithreads creation, termination and
intercommunication have been assumed for multitasking have
been supported by the operating system. The synchronization
can be achieved because the audio buffer is always filled and the
audio data in the buffer is consumed at a constant rate, i.e., the
audio can be played out smoothly along with the time axis and
no audio discontinuity will occur [3, 4].

Definition 1: [Process Definition]: Two kinds of processes are

defined in this synchronization model: the media-process (child

process) and the control process (parent process). The media-

process is responsible for both intra-media and inter-media

synchronization. The control process is responsible for

controlling the user interactive operations (such as rewind,

pause) and some management functionalities of media process

(such as generate or terminate a process). The main functions of

the control-process include:

1. To pre-calculate the temporal information (such as video-
waiting-time) for synchronization.

2. To generate (fork) other media-processes when media
playbackis started.

3. To terminate (kill) other media-processes when media
playbackis stopped.

Definition 2: [intra-media synchronization]: Intra-media
synchronization mustbe achieved individually.

Definition 3: [inter-media synchronization]: Inter-media
synchronization can be achieved cooperatively by each media-
process.

According to the proposed model each child media process must
undertake both the intra-media and the inter-media
synchronization. In order to avoid the audio break phenomenon,
the audio-process is designed to keep writing the sequence of
audio segments to the audio device in a loop way. On the other
hand, video-process adopts a delay-or-drop policy to deal with
the out-of synchronization problem, as shown in Table 1, based
on the definition of playback time interval (the so-called media-
lifetime).

Table 1: Pseudo codes of the video and audio process.

Video Process Audio Process

—_

loopf{ 1.loop{
retrieving_video_frame(i); 2.retrieving_audio_s
3. get current_time from system egment(i);

clock; 3.playback_audio
4.  if(current_time>dead_time((i)){ _segment(i);
5. drop this video frame i; 4.}until end_of_

N

6. jump to next appropriate playback
frame i;

7.}

8.  if(current_time<start_time((i)){

9. delay until(current_time >=
start_time((1));

10. }

11. playback_video_frame(i);

12.  Juntil end_of_playback

Delay-or-drop policy: The corresponding video frame should
be:Rule (1): dropped if the current-time is ahead of the dead-
time.Rule (2): delayed if the current-time lags behind the start-
time.Rule (3): played back if the current-time is within the media
lifetime (i.e. in between the start-time and the dead-time)( Table
1).

4. Dynamic Reordering Mechanism

Dynamic reordering mechanism invokes a certain amount of
buffer which accumulates packets before forwarding them to the
next stage. At the same time, it reorders the packets according to
the sequence number field in order to reduce the occurrences of
packet out-of-order to a certain degree depending on the buffer
size. In addition, if the packet which should arrive on time is not
received before the time it is supposed to be passed to the next
stage, we treat such a situation as a packet loss no matter it
encounters a real loss or just a short-run delay. Note that such
kind of packets can be recovered in the next stage [5, 6].

In order to put each incoming packet with a sequence number,
we apply a circular data structure on the reordering buffer.
Assuming that the system provides the buffer size N, we take the
sequence number n of incoming packets and divide by N to get
the remainder n mod N in order to decide the position for each
packet. The procedure of dynamic reordering is described
below.

4.1 Procedure DR:Procedure of dynamicreordering

Step 1. Initialize all slots of the reordering buffer.

Step 2. Assuming that the sequence number of the first packet is
m, we set an expected sequence number E as m+1 and
immediately send to the next stage a repackaged packet with the
necessary information, including the sequence number, the
timestamp, the payload type and the payload data. The expected
number E is an indicator to decide the operation for each
incoming packetby checking their sequence numbers.

Step 3. Wait for the next incoming packet. Once receiving the new
packet, we check its sequence numbern.

Step 3.1If nis smaller than E, itimplies that the packet is obsolete.
Skip this packet and return to Step 3.

Step 3.2 If n equals to E, meaning that this packet is what we
expect, we check the slots from n mod N to n+N-1 mod N of the
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reordering buffer sequentially until we encounter an empty slot.
IfslotkmodN (n<k<snN-1) is not empty, pop out the
repackaged packet to the next stage and set E as k+1. Otherwise
stop the checking process and then return to Step 3. This step will
flush out all continuous packets starting fromn.

Step 3.3 If n fallsbetween E and E+N, itimplies that the packet we
expect has not arrived yet. We shall wait for the expected packet
to reorder incoming packets. Thus, we store the necessary
information of the incoming packet in slot n mod N and then
return to Step 3.

Step 3.4 If n is equal to or larger than E+N; it implies that the
packet we expect has not arrived yet. However, in this case we
cannot wait any longer because of the buffer overflow. Hence, we
treat these packets with sequence number from E to n-N as lost
packet and clear correlative slots. In addition, we store the
necessary information of this incoming packet in slot n mod N.
Finally, check the slots from n-N+1 mod N to n mod N of the
reordering buffer sequentially until we encounter an empty slot.
If slotkmod N (n-N1< k< N) isnotempty, pop out the
repackaged packet to the next stage and set E as k+1. Otherwise
stop the checking process and return to Step 3.By procedure DR,
the buffer accumulates dynamically only if incoming packets
encounter the situation of packet out-of-order or packet loss. If
incoming packets are received sequentially, we can pass them to
the nextstage in time without any extra processing delay [7, 8].

5. JavaMedia Framework (JMF)

The Java Media Framework (JMF) is an application
programming interface (API) for incorporating time-based
media into java programs. It provides support for media
playback, capturing and storing media data and performing
custom processing on media streams. It supports media data
reception and transmission using RTP and RTCP. The JMF RTP
APIs are designed to work seamlessly with the capture,
presentation and processing capabilities of JMF. Players and
processors are used to present and manipulate RTP media
streams just like any other media content (Figure 6) [9, 10].
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Fig 6 : JMF RTP Architecture

6. Transmission of RTP Media Streams

Following steps are needed to create a send stream to transmit
data from a live capture source: Create, initialize, and start a
Session Manager for the session.

1. Construct a Processor using the appropriate capture Data
Source.

2. Set the output format of the Processor to an RTP-specific
format. An appropriate RTP packetizer codec must be
available for the data format we want to transmit.

3. Retrieve the output Data Source from the Processor.

4. Call create Send Stream on the session manager and pass in
the Data Source.

IMS Manthan - Volume V, No. 2, Dec 2010

We can control the transmission through the SendStream start
and stop methods.

6.1 Real-time Transport Protocol (RTP) and Real-Time
Control Protocol (RTCP)

The Real-Time Transport Protocol (RTP) handles transport
issues specifically related to real-time data. RTP includes another
protocol, Real-Time Control Protocol (RTCP), for managing RTP
sessions. Some of the main responsibilities of RTP/RTCP are:
packet sequencing, synchronization, payload identification,
QOS feedback and encryption [11,12].

Real-time Streaming Protocol (RTSP) is a protocol for initiating
and controlling the delivery of both stored and live multimedia
streams over the Internet. The main concept of RTSP is providing
a session-like abstraction for delivering one or more media
streams to a single client or multicast destination. The main
responsibilities of RTSP are initiating a session, controlling a
session while active signaling the end of a session.

7. Real Time Multimedia Processing and Session Manager

Applications that use RTP can be categorized into RTP servers
(applications that need to send data over the network) and RTP
clients (those that need to receive data from the network).
However, some applications, such as teleconferencing, establish
RTP sessions to capture and transmit, as well as receive data.
Session Manager keeps track of the session participants and the
streams being transmitted, as well as handles the RTCP control
channel and supports RTCP for both senders and receivers.
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Fig 7 : System Architecture

A typical Internet video streaming system is shown in figure 7
and it works as follows: the system is composed of a source and a
receiver, or a group of receivers, which all become members of a
multicast group by joining this group using a multicast IP
address and a given port number. The source sends to the
receiver its compressed live audio and video content for the
streamed session each on a separate RTP stream. The receiver is
capable then of receiving the RTP streams and playing them
back. During the session time each receiver issues a series of
RTCP reports for each received stream periodically. These
reports help in identifying the most recent receiving status of this
receiver mainly regarding jitter, the number of packets lost, and
its fraction from the sent packets. The simplest way to transmit
RTP data is to use a Media Locator with the RTP session
parameters to construct an RTP Data Sink by calling the Manager
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object's createDataSink() method. Session Manager can also be
used to create send streams for the content and control the
transmission. A Player is created using the Manager object's
createPlayer() method, passing a Media Locator as the argument
[13,14,15].

8. Results & Discussion

The audio and video data is transmitted in unicast and multicast
network. It is first captured and then transmitted through
network and then received on the receiving side. The
synchronization of these audio and video streams is done by
using buffering techniques and then played on the receiving side
(Figure 8 & 9). Then the same method is applied on real time
media streams by capturing streams and use Real Time Protocol
(RTP) and then synchronization is performed.
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Fig 8 : Capture Devices and device formats
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Fig 9 : Reception of media streams on receiving side

8.1 CPUrequirement

We analyze the CPU and memory requirement of the client
application by simulating the environment of different number
of participant in the conference on a P-IV computer with 2.4 GHz
speed and 512 MBRAM (Table 2).

Table 2: CPU and memory usage of the application

Number of [ Number of CPU Memory
Targets Receivers Usage Usage
0 0 [8% 30 MB
38% 45 MB
5 5 |55% 65 MB
10 10 [87% 85 MB
12 12 192% 95 MB

8.2 Bandwidthrequirement

To analyze the network bandwidth required for transmitting
audio and video streams of single user we vary the bit rate of
H.263 encoder and observe the quality on video stream at the
receiver end (Table 3).

Table 3: Bandwidth requirement

Bit Rate Frame |Frame Size |[Video Quality
in kbps Rate

300 15 352X288 As captured

200 15 352X288 Good

100 15 352X288 Still acceptable

50 15 352X288 Slightly degraded

8.3 Performance against packetloss

To observe how the quality of video effected with packet losses,
we introduce some packet loss by arbitrarily dropping some
fraction of packets in the RTP connector module and observe the
video quality at the receiver end. For high packet losses we
choose the key frame rate small so that receiver can
resynchronize more quickly after a loss of packet. Up to five
percent packetloss can be tolerated (Table 4).

Table 4: Performance against packet loss

Video Quality

Packet Key Frame
Loss (%) Rate

0.5% 15 No much effect
1.0% 12 Slightly disturbed
2.0% 10 More disturbed
5.0% 5 Poor
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