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Abstract— The use of modern Smartphone encourages
by recent powerful devices. In general Smartphone
application usages are rapidly growing & expanding
throughout the globe. Streaming video is currently being
put into use in wide variety of settings. Examples may be
found in literature on streaming video practices in various
types of education, from distance learning to course
enrichment. Other examples may be found on use of
streaming video in non-educational uses, including corporate
communications, news, and entertainment. Streaming video,
due to technical requirements of transmission over limited
bandwidth, normally implies loss of resolution on legibility of
graphics. Using three CRT screen sizes and four levels of
resolution. Streaming video is by its nature digitized and
compressed video. Compressed digital video is analog video
that has been digitized or converted from an analog signal to
digital signal and then mathematically scaled down to reduce
redundant information and improve transmission efficiency.

There are needs of emerging guidelines to build the
new best possible Smartphone applications for smooth
working and quality of audio video streaming. The
success of streaming media is pretty recent, but the idea
behind it has been around as long as people have.
When someone talks to you, information travels in the
form of sound wave.There are various issues in
Cutting-edge research. It is clear that blurring in H.264 is
less than MPEG2 and MPEG4. An evaluation of the new
video coding standard H.264 compared to existing video
coding standards in terms of PSNR, Noise Estimation, MSE
and Blurring. We performed encoding tests at wide range of
rates for both low- and high-latency application and found
that H.264 is superior to existing video standards.

So the basic aim of this paper is to analysis and
design algorithms for remotely access audio and video
streaming in smart phone.
Keywords- Smart Phone, Object Oriented
Design & Analysis, Android OS, Model design,
Connectivity

I.

INTRODUCTION OF STREAMING MEDIA

Streaming Media is multimedia that is constantly received
by and presented to an end-user while being delivered by a
provider. The stream refers as a process of delivering media
in this manner than the medium itself. A client media player
can begin playing data such as movie before the entire file
has been transmitted. Distinguished delivery method applies
specifically to telecommunications networks, as most of
delivery systems are either inherently streaming (e.g., radio,
television) or inherently non-streaming (e.g., books, video
cassettes, audio CDs). The term "streaming media" can
apply to media other than video and audio such as live
closed captioning, and real-time text, which are all
considered "streaming text". The term "streaming" was first
used in the early 1990s as a better description for video on
demand on IP networks. Streaming video is transmitted
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over a data network. The term implies one-way
transmission to viewer, in which both client and server
software cooperates for uninterrupted motion. The client
side buffers few seconds of video data before it starts
sending it to screen, which compensates for momentary
delays in packet delivery. With non-streaming video,
significant portion of the video file must be successfully
downloaded over Internet before video clip can begin
playing. Streaming video allows for live video transmission
over Internet, and it allows the server to dynamically adjust
video data transmission rate depending on user’s current
connection status, whether that connection is high-speed
transmission line or 56K dial-up modem (Dixon, 2000)[7].
Methods for Streaming Video
There are two ways to play a video file obtained from Internet.
The first is to download entire file to storage device such as
hard drive before playback can commence. This is the method
originally used on Internet and because most of video files are
at least 1MB in size or larger even after being compressed.
Downloading entire file is not an efficient way to handle video
on Internet.In real-time system improvements and execution of
object-oriented and event driven modeling approaches are
important [1, 2]. The Eclipse platform is java-based but not
restricted to Java. The Eclipse is to provide an IDE that can
constantly evolve and adapt. It has some built in technology,
but relies on plug-in tools from software suppliers [3].
Android is an open-source operating system and runs on a
wide variety of hardware produced by companies like HTC
and Samsung. Due to its open nature the user must be more
vigilant in protecting the device from malware and remote
access [11].

II. EXISTING WORKING METHODS OF VIDEO
AUDIO STREAMING
In early days of streaming media the mid-to-late 1990s
watching videos and listening to music online wasn't always
fun. It was a little like driving in stop-and-go traffic during
heavy rain. If you had slow computer or dial-up Internet
connection, you could spend more time staring at the word
"buffering" on status bar than watching videos or listening to
songs. On top of that, everything was choppy, pixilated and
hard to see. Streaming video and audio have come a long way
since then. According to Bridge Ratings, 57 million people
listen to Internet radio every week. In 2006 people watched
more than million streaming videos a day on YouTube. The
same year television network ABC started streaming its most
popular TV shows over Web. People who missed an episode
of shows like "Lost" or "Grey's Anatomy" could catch up on
entire thing online legally and for free.
The success of streaming media is pretty recent, but the idea
behind it has been around as long as people have. When
someone talks to you, information travels in the form of sound
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wave. Your ears and brain decode that information allowing
you to understand it. This is also what happens when you
watch TV or listen to radio. Information travels to an
electronic device in the form of cable signal, satellite signal or
radio waves. The device decodes and displays the signal. In
streaming video and audio the traveling information is stream
of data from server. The decoder is stand-alone player or plugin that works as part of Web browser. The server, information
stream and decoder work together to let people watch live or
prerecorded broadcasts.

animation files.
For the most part these players can't decode one another's file
formats. For this reason, some sites use lots of different file
types. These sites will ask you to choose your preferred player
or pick one for you automatically. The QuickTime, Real
Media and Windows Media players can work as stand-alone
players with their own menu bars and controls. They can also
work as browser plug-in, which are like miniature versions of
full-scale player. In plug-in mode these players can look like
an integrated part of Web page or pop-up window. Flash video
is little different. It usually requires Flash applet, which is a
program designed to decode and play streaming Flash files.
Programmers can write their own Flash applets and customize
them to fit the needs of specific Web page. Flash is becoming
more popular option for playing streaming video. It's what
YouTube, Google Video and the New York Times all use to
display videos on their sites. The video below, which
demonstrates what, would happen if you shot your TV, plays
in Flash applet. Regardless of whether it's an applet or fully
functional player, the program playing streaming file discards
data as you watch. A full copy of file never exists on your
computer so you can't save it for later. This is different from
progressive downloads which download part of file to your
computer then allow you to view the rest as download finishes.
Because it looks so much like streaming media, progressive
downloading is also known as pseudo-streaming. These
players and applets do what many applications they play files.

Fig.1 Video for Mesopotamians

III. PLAYING STREAMING VIDEO AND AUDIO
If you have connection to Internet and want to find streaming
video and audio files, you shouldn't have to look far. Sound
and video have become a common part of sites all over the
Web and the process of using these files is pretty intuitive.
You find something you want to watch or hear, you click it
and it plays. Unless you're watching a live feed or webcast,
often pause, back up and move forward through the file just
like you could if you were watching DVD or listening to CD
but if you've never used streaming media, your computer may
need little help to decode and play the file. You'll need plug in
for your Web browser or stand-alone player. Most of time
Web page you've visited points you in right direction; it
prompts to download a specific player or shows you list of
choices. These players decode and display data and they
usually retrieve information little faster than they play it. This
extra information stays in buffer in case the stream falls
behind. There are four primary players and each one supports
specific streaming file formats:
• QuickTime from Apple, plays files that end in .mov
• Real Networks Real Media plays .rm files
Microsoft Windows Media can play few streaming file types:
Windows Media Audio (.wma), Windows Media Video
(.wmv) and Advanced Streaming Format (.asf).
The Adobe Flash player plays .flv files. It can also play .swf

Fig 2 OK Go's video for the song "Here it Goes Again" plays in
small window on YouTube

Streaming video and audio files are compact and efficient, but
the best ones start out as very large, high-quality files often
known as raw files. These are high-quality digital files or
analog recordings that have been digitized, and they haven't
been compressed or distorted in any way. Although you can
watch streaming file on an ordinary TV, editing the raw file
requires lots of storage space and processing power. It might
seem strange that, file that ends up nimble and efficient started
out large and unwieldy. The reason is that the compression
process, required to make an ordinary file into streaming file,
lowers the file's quality. During compression, blurry, lowquality videos or hard-to-hear audio recordings will only get
worse. Fortunately, before you even compress file you can
reduce its size without lowering its quality:
Make the picture smaller- Most streaming videos don't fill the
whole screen on computer. Instead, they play in smaller frame
or window. If you stretch many streaming videos to fill your
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screen, you'll see a drop in quality.
Reduce the frame rate- A video is really series of still images.
The frame rate is how quickly these images move from one to
next. A lower frame rate means fewer total images and less
data needed to recreate them. The reduction in frame rate is
why some streaming videos flicker the frame rate is slow
enough that your eye and brain sense the transitions between
pictures.

IV. PROPOSED METHODOLOGIES
HTTP Live Streaming- It is an HTTP-based media streaming
communications protocol implemented by Apple Inc. as part
of their QuickTime, Safari, OS X, and iOS software. It works
by breaking overall stream into sequence of small HTTPbased file downloads each session to adapt available data rate.
At the start of streaming session, it downloads an extended
M3U playlist containing metadata for various sub-streams. It
is capable of traversing any firewall or proxy server that lets
through standard HTTP traffic. This allows content to be
delivered over widely available CDNs.HLS also specifies
standard encryption mechanism using AES and method of
secure key distribution using HTTPS with either device
specific login or HTTP cookie which together provide simple
DRM system. Later versions of protocol also provide for trick
mode fast-forward, rewind and integration of subtitles. Uplink
has also added the AES scrambling and base-64 encoding of
DRM content key with 128-bit device specific key for
registered commercial SWF applications together with
sequential initialization Vector for each chunk to their
implementation of standard. Apple has documented HTTP
Live streaming as an Internet Draft first stage in process of
submitting it to IETF as an Informational Request for
Comments. However while Apple has submitted occasional
minor updates to draft no additional steps appear to have been
taken towards IETF standardization [4].
The Real Time Streaming Protocol (RTSP) is network control
protocol designed for use in entertainment and
communications systems to control streaming media servers.
The protocol is used for establishing and controlling media
sessions between end points. Clients of media servers issue
VCR-style commands, such as play and pause to facilitate
real-time control of playback of media files from server. The
transmission of streaming data itself is not task of RTSP
protocol. Most RTSP servers use Real-time Transport Protocol
in conjunction with Real-time Control Protocol for media
stream delivery; however some vendors implement proprietary
transport protocols. The RTSP server software from Real
Networks for example use Real Networks' proprietary Real
Data Transport. RTSP was developed by Real Networks,
Netscape and Columbia University with first draft submitted
to IETF in 1996. It was standardized by the Multiparty
Multimedia Session Control Working Group of Internet
Engineering Task Force (IETF) and published as RFC 2326 in
1998. RTSP 2.0 is currently under development as
replacement of RTSP 1.0. RTSP 2.0 is based on RTSP 1.0 but
is not backwards compatible other than in basic version
negotiation mechanism. RTSP and RTCP allows for the
implementation of rate adaptation [8].

Fig 3 In YouTube's full-screen mode picture is fuzzier

For both video and audio files, making the files even smaller
requires codec, or compression/decompression software.
Codecs discard unnecessary data, lower overall resolution and
take other steps to make file smaller. Different codecs also
create specific types of files, which work on specific streaming
players. The total reduction in quality depends on number of
factors, including bit rate or speed of transfer from server to
computer. For example, bitrates of television broadcast is
about 240,000 kilobits per second (Kbps), but bitrates of dialup Internet connection is maximum of 56 Kbps. Someone with
reliable broadband connection with lots of bandwidth can
watch high-bitrates files, but someone using dial-up modem
needs to watch at much lower bitrates. The basic idea is to
encode file that's large enough to look or sound good but small
enough to work with available bandwidth. Some codecs let
you create files that will stream differently at different transfer
rates, accommodating different connection types. This is
known as multi-bitrates encoding. Once file is edited,
compressed and encoded, it's uploaded to server.
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With Android we can use all the Google apps plus there are
more than 600,000 apps and games available on Google Play
to keep entertained alongside millions of songs and books, and
thousands of movies. Android devices are already smart and
will only get smarter with new features that can’t find on any
other platform [7].The main objective of this approach is to
reduce the gap between problem domain and software
implementation through the use of technologies which support
systematic model transformations [9].
UML CLASS DIAGRAM OF RTSP CLIENT

Fig 4. How HTTP, RTSP & RTP work

Fig 5. Multimedia over IP

Object-Oriented Analysis: It uses an integrated set of models
to identify conceptual objects in system. The reasons for using
the approach include its explicit attention to real-time issues,
the ability to verify the analysis by simulating the models, the
availability of textbooks, training and technical support and its
prescribed approach for transitioning from analysis to design
and development.

Fig. 5 VLC using RTSP protocol to view live stream of video
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UML CLASS DIAGRAM OF RTSP SERVER

Where MAX1 represents the maximum possible pixel value of
the image However value of PSNR for video compression and
lossy images lays between 30 to 50 dB, higher the value more
it is good. While compression codecs comparison, it gives
approximation of reconstruction quality to human perception,
thus higher PSNR will indicate that reconstruction is of higher
quality. Fig.7.1 represents the comparison of PSNR for
MPEG-2, MPEG-4 and H.264.

V. TESTING
MSU Video Quality tool is used for testing. The H.264 is a
dominant video coding standard in transmission and storage of
video data. The new H.264 video standard has achieved
significant improvements in terms of compression over
existing standards despite of the fact having same basic coding
framework similar to existing standards, but H.264 introduces
many new features. Result tested by comparing H.264
standard with previous existing standards like MPEG 4 and
MPEG 2 in terms of PSNR, NOISE ESTIMATION,
BLURRING and MSE.

Fig. 6 Comparison of PSNR for MPEG2, MPEG4 and H.264

It is clear that PSNR value for MPEG2 in around 21, for
MPEG4 it is varying in between 29 and 32 and for H.264 it is
between 38 and 41. Thus H.264 shows higher PSNR value.

VI. CONCLUSION
The various strategies to design and development of recent
advancement lead to Mobile’s smart app integration. Smart
phone will become the best mobile communication terminals,
for audio video streaming too, the proportion level of
Smartphone in mobile phone market depends on its
development quality. This paper studies the development of
audio-video streaming model that give best solution for
uninterrupted audio video streaming in smart phone using
streaming protocols

In this test we took 10 frames of a video and then compared
these 10 frames for different parameters for H.264, MPEG 4
and MPEG 2. These sequences are in CCIR- 601 format (720
x 480) at 30 fps frame rate. The H.264 encoder was configured
to have five frames for inter motion search, motion vector
resolution, context-based adaptive binary coding (CABAC) for
symbol coding, and rate-distortion optimized mode decision.
For MPEG- 2, the bit rates were chosen such that the encoded
video qualities (PSNR values) are close to the corresponding
H.264 video streams. MPEG-2 sequences were generated in
constant bit-rate (CBR) mode. COMPARISION OF H.264,
MPEG 4 and MPEG 2 A. PSNR This metric is called the peak
signal-to noise ratio or PSNR and is the ratio between
maximum signal power and that of affecting noise. It is given
by
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