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Abstract— The world is moving towards the generation of 

wire free. People are keener to have devices or equipment 

which is portable, wire free and easy to carry around. Heavy 

cables and confusing wire connection are replaced by the 

wireless technology. The technology like Wi-Fi, Bluetooth, 

infrared and radio services provide the base for the wireless 

world. In this paper the real time application is developed 

which uses the Wi-Fi as its basic mode for the wireless 

connection. The application is the real time video streaming 

app which streams the live video from one wireless device 

to the multiple devices. The video sending device should be 

equipped with a camera, Wi-Fi service and an operating 

system. In this application the android is used as the 

operating system at the sender side. The Real Time 

Streaming Protocol (RTSP) is used as the application layer 

protocol for the connection of the wireless devices. The 

devices should be connected to same Wi-Fi network to 

which the sender is connected. The end application will 

stream the live video captured from one wireless device to 

multiple devices with in its Wi-Fi range and the devices 

which are connected to the sender should possess high 

connectivity within the same Wi-Fi network. To provide 

high Wi-Fi strength router may be used or a simple Wi-Fi 

hotspot can be developed between the devices. 

Key words:  Live Video Streaming, Wireless Devices, RTSP 

I. INTRODUCTION 

Now-a-day’s mobile phones have become one of the most 

used gadgets that to smart phones have come up with large 

features. Smartphone have come with many hardware and 

software components using some of its components the 

following application have been developed. The application 

mainly concern with streaming the live video from one 

wireless device to another through the wireless network for 

the transmission an ad-hoc network have to be created 

between the devices. 

The paper deals with developing an application 

which provide a real time video captured from the android 

based mobile device to the other wireless devices which are 

available within the Wi-Fi range of the created ad hoc 

network. the application uses the Real Time Streaming 

Protocol(RTSP)as its application layer protocol to build the 

connection between the wireless devices. While the video 

has been transmitted it is encoded with the video encoding 

standard H.264 and then it is transmitted in to the network. 

When the receiver receives the video it will decode the 

video and play in the specific receiver. 

II. LITERATURE SURVEY 

In paper [1] a ad hoc network is formed between the mobile 

phone each phone in the client mesh network is able to 

produce/consume video and also acts as a relay to forward 

video to its next hop neighbours. Peer-to-peer video 

streaming from the cameras on smart phones to people 

nearby allows users to share what they see. Such streaming 

can be used in a variety of applications 

From reference [2] paper proposes an architecture 

of a real-time video streaming service from an Android 

mobile device to a server of the user’s choice. The real-time 

video can then be viewed from a web browser. The project 

builds on open source code and open protocols to implement 

a set of software components that successfully stream live 

video. 

From paper [3] the main contribution of the work is 

to design a closed loop controller in the context of 

image/video streaming systems with interactivity constraints 

to automatically adapt streaming parameters to bandwidth 

fluctuations. The proposed technique is general and acts as a 

sort of Quality of Service (QoS) mechanism at the 

application level and can be applied to any kind of client, 

but in this context we point out at common handheld 

devices, such as PDAs and smart phones, as a target. 

In paper [4] a mobile P2P streaming, got through 

mobile devices relay their received packets in a multi-hop 

manner by means of broadcasting in a secondary channel 

(such as Wi-Fi or Bluetooth). The general scenario that both 

wireless channel and nodes may not be reliable, i.e., packets 

may be lost in channel transmission and a node may forward 

its received packets probabilistically (due to, for examples, 

its power and incentive concerns). 

Author in [5] shown technical challenges are 

particularly stringent in crowded spaces, where the density 

of users far exceeds the ability to deploy cellular base 

stations or Wi-Fi infrastructure in a cost effective way. To 

address this problem, a reliable and scalable live streaming 

solution based on wireless multicast with real-time network 

coding. At the core of the approach is a timely delivery 

scheme that uses a minimum amount of feedback from the 

receivers to generate coded repair packets that are 

simultaneously useful to a large number of users. 

III. PROPOSED SYSTEM 

This paper presents the wireless real time video streamer 

based on the android operating system. The sender will only 

run on android platform but receiver can have windows or 

android operating system.  

The proposed application will capture the raw 

video from the phone camera then it will encoded with 

video encoding standard H.264.then the encoded video is 

transmitted through the network created with in the Wi-Fi 

range of the device, with the help of Real Time Streaming 

Protocol(RTSP) the video is streamed in the network 

created. The video is broadcasted in the network, this video 

frames are received by receiver end and they decoded back 

and play the video. 
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Fig. 1: Architecture Design 

IV. REAL TIME VIDEO STREAMING (RTSP) 

The Real Time Streaming Protocol, or RTSP, is a network 

control protocol for control over the delivery of data with 

real-time properties. RTSP provides an extensible 

framework to enable controlled, on-demand delivery of real-

time data, such as audio and video. Sources of data can 

include both live data feeds and stored clips. This protocol is 

intended to control multiple data delivery sessions, provide a 

means for choosing delivery channels such as UDP, 

multicast UDP and TCP, and provide a means for choosing 

delivery mechanisms based upon RTP (RFC 1889). 

The features of RTSP is given by  

 OPTIONS: An OPTIONS request returns the 

request types the server will accept. 

 SETUP: A SETUP request specifies how a single 

media stream must be transported. This must be 

done before a PLAY request is sent. 

 ANNOUNCE: The ANNOUNCE method serves 

two purposes: 

When sent from client to server, 

ANNOUNCE posts the description of a 

presentation or media object identified by the 

request URL to a server. When sent from server to 

client, ANNOUNCE updates the session 

description in real-time. If a new media stream is 

added to a presentation (e.g., during a live 

presentation), the whole presentation description 

should be sent again, rather than just the additional 

components, so that components can be deleted. 

 DESCRIBE:A DESCRIBE request includes an 

RTSP URL that is (rtsp://...), and the type of reply 

data that can be handled. 

 PLAY:A PLAY request will cause one or all media 

streams to be played. Play requests can be stacked 

by sending multiple PLAY requests. 

 RECORD: This method initiates recording a range 

of media data according to the presentation 

description. 

 REDIRECT:A REDIRECT request informs the 

client that it must connect to another server 

location. 

 PAUSE:A PAUSE request temporarily halts one or 

all media streams, so it can later be resumed with a 

PLAY request. 

 SET PARAMETER:This method requests to set 

the value of a parameter for a presentation or 

stream specified by the URI. 

 TEARDOWN:A TEARDOWN request is used to 

terminate the session. It stops all media streams and 

frees all session related data on the server. 

The example for the RTSP is shown by 

 
Fig. 2: RTSP example 

A. Video Encoder/Decoder: 

H.264 is used as the encoding and decoding standard in this 

paper. H.264 is developed by ITU-T Video Coding Experts 

Group (VCEG) together with the ISO/IEC JTCI Moving 

Picture Experts Group (MPEG). 

H.264 delivers its goals by supporting:  

 It reduces the average bit rate to 50% for a given 

fixed video compared to any other video standard. 

 It has Error robustness such that transmission errors 

over various networks are tolerated. 

http://en.wikipedia.org/wiki/Uniform_Resource_Locator
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 It has Low latency capabilities and better quality 

for higher latency. 

 It has straightforward syntax specification that 

simplifies implementations 

 It has exact match decoding, which defines exactly 

how numerical calculations are to be made by an 

encoder and a decoder to avoid errors from 

accumulating. 

 
Fig. 3: H.264 encoder/decoder 

B. Encoding Process 

 Prediction: The encoder processes a frame of video 

in units of a Macro block (16x16 displayed pixels). 

It forms a prediction of the macro block based on 

previously-coded data, either from the current 

frame (intra prediction) or from other frames that 

have already been coded and transmitted (inter 

prediction). The encoder subtracts the prediction 

from the current macro block to form a residual. 

 Transform and quantization: A block of residual 

samples is transformed using a 4x4 or 8x8 integer 

transform, an approximate form of the Discrete 

Cosine Transform (DCT). The transform outputs a 

set of coefficients, each of which is a weighting 

value for a standard basis pattern. When combined, 

the weighted basis patterns re-create the block of 

residual samples. 

The output of the transform, a block of 

transform coefficients, is quantized, i.e. each 

coefficient is divided by an integer value. 

Quantization reduces the precision of the transform 

coefficients according to a quantization parameter 

(QP). Typically, the result is a block in which most 

or all of the coefficients are zero, with a few non-

zero coefficients. Setting QP to a high value means 

that more coefficients are set towards zero, 

resulting in high compression at the expense of 

poor decoded image quality. Setting QP to a low 

value means that more non-zero coefficients 

remain after quantization, resulting in better 

decoded image quality but lower compression. 

 Bit stream Encoding: The video coding process 

produces a number of values that must be encoded 

to form the compressed bit stream. These values 

include: 

 quantized transform coefficients 

 information to enable the decoder to re-

create the prediction 

 information about the structure of the 

compressed data and the compression 

tools used during encoding 

 Information about the complete video 

sequence. 

These values and parameters (syntax 

elements) are converted into binary codes using 

variable length coding and/or arithmetic coding. 

Each of these encoding methods produces an 

efficient, compact binary representation of the 

information. The encoded bit stream can then be 

stored and/or transmitted. 

C. Decoding Process: 

 Bit Stream Decoding: A video decoder receives the 

compressed H.264 bit stream, decodes each of the 

syntax elements and extracts the information 

described above (quantized transform coefficients, 

prediction information, etc.). This information is 

then used to reverse the coding process and 

recreate a sequence of video images. 

 Rescaling and Inverse transform: The quantized 

transform coefficients are re-scaled. Each 

coefficient is multiplied by an integer value to 

restore its original scale. An inverse transform 

combines the standard basis patterns, weighted by 

the re-scaled coefficients, to re-create each block of 

residual data. These blocks are combined together 

to form a residual macro block. 

Through the above process the video 

frame is encoded before it is reached to the 

destination and the destination device will decode 

the video back and played in the media player.  
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V. FLOW DIAGRAM 

 
Fig. 5.7: Sender Side Flow Diagram 

 
Fig. 5.8: receiver flow diagram 

VI. ALGORITHM  

A. Sender Side Algorithm 

 First the application icon is clicked in the 

smartphone 

 The app will check for the IP address of the device 

if it is connected to the Wi-Fi. 

 It will display the IP address on front page of the 

app 

 Wait for the client request 

 After the client request the surface holder is 

initiated 

 Camera capture the video and displayed in surface 

holder 

 Then the video is encoded with H.264 encoding 

and decoding standard 

 Then the encoded video is transmitted in to the Wi-

Fi network 

B. Receiver Side Algorithm 

 Get the IP address of the server manually  

 Sends the request to the server 

 Receives the video frames 

 Decode the video frames with H.264 decoder 

 Play the video in the media player 

 Stop the video 

 Terminate the connection 

VII. CONCLUSION 

The paper presents the application which will be able to 

transmit live video from one device to another device. The 

video can be played in VLC media player. Through this user 

can be transmit the real time video with in a range of 10 
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meters. The sender must be an android device and receiver 

can be any with any operating system which support VLC 

media player. 
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