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ABSTRACT 
 

 

 

Mobile networks are highly unpredictable and 

might be unreliable for real-time mobile video 

streaming due to various wireless network 

conditions. Video frames could be delayed or lost 

and could affect the perceived quality of a video 

stream. The time-sensitive nature of real-time 

video streaming is to deliver the video frames to 

the mobile devices and to provide smooth 

playback. This study examines the concept of 

streaming the video frames over two wireless 

channels from the server to the mobile device in 

order to play the complete video frame sequence to 

the mobile users. The simulator is been developed 

to provide a reliable video streaming until if there 

is a missing frame(s). A switching mechanism is 

been implemented in the client side to switch 

between the video streams to replace the missing 

frames. This will provide a smooth playback of the 

video stream and perceived video quality to the 

mobile user. 

 

 

Keywords: Streaming Video, Frame Missing, 

Switching Mechanism, Simulator. 
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CHAPTER 1 

 

INTRODUCTION 
 

 

 

Sharing of video files has taken a prominent role in recent years and this has been 

followed by improved methods for distributing video content [1]. A typical method 

of distributing video to multiple users is to use the concept of download-save-play. 

This method is known as Video On-Demand which requires the server to send out a 

complete video file to one or more users, and the users will download and save the 

video file before playback can be started [2]. Another method of distributing the 

video content is by streaming the video to the target users over wired or wireless 

networks [3,4]. Streaming video involves the transfer of the video and immediate 

playback of the video stream without having to save the video before or after 

playback. This method of video sharing is particularly useful in wireless networks 

with mobile devices since the mobile devices have limited resources for data storage 

[1,5]. However, there is a growing need to share video in real time as the use of 

mobile devices increases, mobile devices can receive real time video streams over 

wireless mobile networks [4,6].These would be useful in video conferencing, mobile 

TV, and the broadcasting of live events. A lot of research is ongoing in the 

adaptation of present 3G mobile networks to support real-time video streaming 

services [3,4,7].  

 

These advancements in terms of bandwidth available in Universal Mobile 

Telecommunications Systems (UMTS) networks have made it easier to provide a 

wider variety of multimedia applications that require robust bandwidth and stable 

networks [8].  

 

 

1.1 Problem Definition 
 

Mobile networks are highly unpredictable and might be unreliable [9]. These 

unreliable network conditions lead to the video frames being dropped or delayed 

while traversing through the network [10,11]. Due to the time-sensitive nature of 

real-time video streaming, dropped or delayed packets have an undesired effect of 

the perception of the quality of the streamed video. This paper aims to study the 

effects of missing video frames on streamed video on the mobile device and to 

examine the quality of the received video stream on the user’s perception.  

  

 

1.2     Objectives 
 

The objective of this study is to develop a simulator that implements the concept of 

sending two video streams in order to reduce the effects of missing frames on each 

stream on the mobile device [12,13,14]. The duplication of video on two streaming 

streams is used to replace missing frames on the mobile device by switching between 

both streams, the simulator is developed according to [13] to study the effects of 

frame dropping mechanism that illustrates the instability of wireless networks effects 
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on real time video streaming. A delay mechanism is considered in the study to avoid 

the interruption on the same video frames of both streams. A two-second delay on 

the server side is applied on the first stream to prevent the dropping of same video 

frames on both streams. Another two-second delay is applied on the mobile device 

on the second stream to synchronize both received streams. Once the frames are 

received at the mobile device, it buffers the video to get sufficient amount of frames 

to be played. If there is a missing video frame from one of the video streams, the 

simulator will switches to the other video stream to replace the missing video frames. 

The two video streams will enhance the smoothness of the playback of the streamed 

video in the mobile devices. 

 

 

1.3     Expected Outcome 
 

A simulator being developed for streaming duplicate video frames over two channels 

to avoid the frozen picture on the mobile device. While the mobile users will 

received a complete video frame sequences until if there is a lost frame from any 

streams. Therefore a switching between streams is highly needed to replace the 

missing frame and to provide smoothness on the mobile devices. 

 

 

1.4     Research Questions 
 
The research questions that we address in our study are formulated as follows: 

 

 What are the effects of low-bandwidth wireless networks on real-time video 

streaming and how can they be resolved? 

 How can we reduce the effects of missing video frames and improve the quality 

of video on mobile devices? 

 

1.5     Research Methodology 
 

The proposed thesis work uses a mixture of both the qualitative and quantitative 

research methodologies in order to investigate the aforementioned research questions 

by means of effective literature review and also by developing a simulator to study 

the performance of the video quality after the frame lost. The literature review forms 

the qualitative research methodology and the development of the simulator forms the 

quantitative part of research methodology. At the initial stage, a detailed literature 

study is made to understand the concept of video streaming over wireless networks 

and the issues concerning the mobile video streaming. A simulator is developed to 

study the performance smoothness of the video frames on the mobile device and to 

address the key issues with the streaming and switching mechanism. The creation of 

the simulator is to validate our initial assumption of streaming duplicate frames over 

two channels that could improve the smoothness of the video frames on the mobile 

device. Tests are carried out with the aid of different test videos by using different 

data transmission rates and streaming the test videos in both colour and grayscale 

formats. 
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1.6     Thesis Outline 
 

In Chapter One, the problem is identified and the research questions are formulated 

to achieve the desired goals. Chapter Two lays the background on the video 

streaming over wireless networks, video distribution channels, and video streaming 

protocols used in the streaming environment. The reasons why the TCP protocol is 

not suitable for real-time video streaming are explained and possible suggestions for 

making the UDP protocol better for real-time video streaming are introduced. In 

Chapter Three introduces the streaming architecture that tells the concept of 

streaming video over two channels, design steps, low bandwidth considerations and 

the duplication, delay and switching mechanisms. This gives the necessary 

background to the simulator. The development of our simulator; the design steps and 

implementation procedures are described in Chapter Four. In Chapter Five, the 

analysis of our findings and observations are carried out from multiple test cases. 

Chapter Six concludes by delivering the highlights of the study and possible 

improvements for the future. 
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CHAPTER 2 

 

VIDEO STREAMING OVER WIRELESS NETWORKS 
 

 

Video streaming is the transfer of videos over the internet from one source to one or 

more destinations. Video is usually streamed from the server to clients. Various 

methods are used for streaming video over the internet, they include, broadcasts, 

multicasts, and unicasts. On-Demand video streaming is usually done with unicasts 

since the video is requested by a user at a time [2]. Real-time video streaming is done 

with multicasts and broadcasts since there are multiple requests for the video stream 

at a time [2,15,16].  

 

Video files typically contain a lot of information about the video frames, which 

requires huge storage resources. In order to stream contents such as video, it has to 

be compressed packaged in a way that is suitable for transmission over networks 

[17,18]. The H.264/MPEG-4 AVC is a popular standard for video streaming. It is 

developed by the Joint Video Team (JVT); a partnership effort between the ITU-T 

Video Coding Experts Group (VCEG) and the ISO/IEC Moving Picture Experts 

Group (MPEG) [19]. The intent of the H.264/AVC project was to create a standard 

capable of providing good video quality at substantially lower bit rates than previous 

standards without increasing the complexity of design so much that it would be 

impractical or excessively expensive to implement [17,18,19]. An additional goal 

was to provide enough flexibility to allow the standard to be applied to a wide variety 

of applications on a different networks and systems, including low and high bit rates, 

low and high resolution video and RTP/IP packet networks [19,20]. The support for 

low bit rates makes the H.264/MPEG-4 AVC very suitable for video streaming on 

mobile networks. 

 

 

2.1    Video Distribution Channels 
 

Due to limited bandwidth of UMTS networks [8], video distribution to mobile 

devices is somewhat limited. Video cannot be distributed in the same formats as is 

done on larger computer networks. Mobile video content has to be manipulated to 

decrease the size and quality requirements in order to fit the transmission network. 

There are two main methods for delivering video content to mobile devices. These 

are: 

 

i. Non-real time video streaming 

ii. Real time video streaming 

 

2.1.1 Non-Real Time Video Streaming 

 
Non-real time video streaming involves the playback of a video stream after a 

complete or partial download of the video stream [21]. Usually, playback can be 

started while the video clip is still downloading [21,22]. The player on the mobile 

device makes use of meta-data information to check for completion and it creates a 
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buffer on the mobile device to save the downloading file temporarily. When there is 

sufficient data in the buffer, the playback begins [22]. In some cases when the speed 

for playback is faster than the rate at which the file is being downloaded, the video 

pauses until there is sufficient data in the buffer to continue playback. This concept 

of download-save-play enhances the smoothness of playback of the video since all of 

the video frames are received on the mobile device. This method of video streaming 

is subject to several mobile device and network constraints [23]. A mobile device 

requires adequate storage to save the video stream before playback. This method of 

streaming also contributes to congestion on the wireless network because all of the 

video streams have to delivered to the mobile device [24,25].  

 

 

2.1.2 Real Time Video Streaming 

 
The streaming server accepts video requests from the mobile device, sets the 

streaming format and data transmission rate and communicates with the mobile 

device to monitor the streaming and playback.  The video is streamed to the mobile 

device, which plays the video stream without having to store it [26,27]. In real time 

video streaming, the mobile device plays the received video stream immediately after 

a short buffering period, as soon as a video frame is played, it is discarded from the 

mobile device [28]. The streaming server sends the video content in a manner that is 

compliant with the transmission mechanism. It takes note of the transmission speed 

of the network and adjusts the quality of the video content to match the speed of the 

network [29]. 

 

 

2.2     Video Display Resolutions 

 
Mobile phones make use of various display resolutions. Initially, the ITU-T H.261 

standard proposed the Quarter Common Intermediate Format (QCIF) and Common 

Intermediate Format (CIF) video display resolutions for video telephony and video 

conferencing applications over ISDN telephone lines [30,31,32]. The CIF and QCIF 

display formats were designed to be used in low speed transmission networks. The 

improved H.263 video codec standard later introduced, supports the previous display 

resolutions as well as the Sub-Quarter Common Intermediate Format (SQCIF), Four 

times Common Intermediate Format (4CIF) and the Sixteen times Common 

Intermediate Format (16CIF) [33]. The H.263 requires lesser bandwidth to achieve 

the same results as found in the previous H.261 video codec. Table 2.1 contains the 

display resolutions of some available video formats. Since most mobile phones 

support the SQCIF and QCIF video display resolutions, and the H.263 video codec 

makes it mandatory to include the SQCIF and QCIF display resolutions in H.263 

implementations [30], we will be conducting the simulations using a QCIF-sized test 

video. 
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Format Video Resolution 

SQCIF 128 * 96 

QCIF 176 * 144 

CIF 352 * 288 

4CIF 704 * 576 

16CIF 1408 * 1152 

Table 2.1: Standard video resolution formats 

 

 

 

2.3  TCP/IP Protocol 

 
The TCP/IP Protocol was developed by the Defense Advanced Projects Research 

Agency (DARPA) [34,35] for communication across any set of interconnected 

networks, especially on the internet. The TCP/IP protocol is usually known for its 

two initial protocols; the Transmission Control Protocol (TCP) and the Internet 

Protocol (IP). According to RFC 1122, [36] the TCP/IP protocol suite is divided into 

a set of five layers, these are the Physical Layer, Data Link Layer, the Network 

Layer, the Transport Layer and the Application Layer in order of ascension [37]. The 

transport layer provides Host-to-Host communication between two applications. It 

also provides flow control and reliable transportation of data in sequence. On the 

transport layer, the TCP and the User Datagram Protocol (UDP) are the two 

protocols used for the transport of data segments. IP is the basic Internet layer 

protocol and is responsible for the transmission of TCP and UDP packets to the end 

users [38]. The relationship of the TCP, UDP and IP protocols are illustrated in 

Figure 2.1. 

 

 
Figure 2.1: TCP/IP protocol. 

TCP/IP Protocol 

 

Internet Protocol 

 

TCP 
 

UDP 
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By sending data across the network medium, the transport layer splits the data into 

network buffer-sized segments, selects a transmission protocol and sends the 

segments over the network. In flow control, it ensures that the receiving end gets just 

the amount of data it can process at a time. It also ensures that the destination 

receives the entire data [38]. 

 

 

2.3.1   Video Streaming Protocols 

 
Streaming Servers make use of streaming protocols that are suitable for video 

streaming. It makes use of TCP, UDP, Real-time Transport Protocol (RTP) and Real-

Time Streaming Protocol (RTSP). TCP is more reliable and ensures the delivery of 

the video stream to the mobile devices [39]. UDP is a simple datagram protocol that 

sends the video stream as a series of packets to the mobile device; however it doesn’t 

guarantee the correct delivery of packets [38]. RTSP includes default control 

mechanisms for interaction between the server and the mobile device [40]. 

 

The TCP and UDP are designed for end-to-end transmission and are carried over the 

Internet protocol (IP). The RTP and the RTSP are specially designed for the 

streaming of video over wireless networks. 

 

 

2.3.2 Transmission Control Protocol (TCP) 

 
The TCP is a connection oriented and reliable transport layer protocol [39,41]. It 

makes use of a three-way handshake procedure to establish and maintain a session 

between the sending and receiving hosts before sending of data. TCP is usually used 

for error-free delivery [42]. The three-way handshake illustrated in Figure 2.2 

consists of three steps and they are as follows: 

 

 

 The client initiates a connection by sending a synchronization packet (SYN) to 

the server. This SYN packet is a request for the server to synchronize its 

sequence numbers with that of the client. 

 The server responds to the client’s request by sending an acknowledgement of 

the client’s request (ACK) with a SYN. The SYN is a request for the client to 

synchronize its own sequence numbers with that of the server. 

 Finally the client sends another ACK to the server to acknowledge the server’s 

synchronization request back to the server. 



  15 

 
Figure 2.2: TCP Three-way handshake 

 

Due to its use of acknowledgements, it has to retransmit missing or broken data 

segments. It also requires additional processing of data since it splits the data into 

segments before transmission and after they have been received by the mobile 

device. This increases the latency when streaming video. This is not suitable for real-

time applications such as real-time video streaming because users are very sensitive 

to delays that may take between 150 – 200 milliseconds [43].  

 

   0    15 16           31 

Source Port (16 bits) Destination port (16 bits) 

Sequence Number(32 bits) 

Acknowledgement Number 

Header 

Length 

(4 Bits) 

Reserved 

(4 Bits) 

Code Bits 

(8 Bits) 
Window (16 Bits) 

Checksum (16 bits) Urgent Pointer 

Options + Padding 

Data (Variable Length) 

Table 2.2: Transmission control protocol header format 
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2.3.3 User Datagram Protocol (UDP) 
The User Datagram Protocol is a simple connection-less transmission protocol that 

assumes error checking, error correction and flow control are not required or are 

handled by other layers of the TCP/IP Protocol Suite [44]. It focuses on timely 

delivery of datagrams to the destination, which makes it suitable for broadcasts and 

multicasts [38]. The UDP protocol is almost the exact opposite of the TCP protocol 

since it does not include the transmission management capabilities that TCP 

implements. It just transfers the data without any sequential segmentation and error 

checks. 

 

 0     15 16             31 

Source Port (16 bits) Destination port (16 bits) 

Length (16 bits) Checksum (16 bits) 

Data (Variable Length) 

Table 2.3: User datagram protocol header format 

 

Real-time video streaming requires timely delivery of the video frames from the 

streaming server to the mobile devices. This makes the UDP a better alternative since 

it does not make use of acknowledgements unlike the TCP which ensures the 

delivery of datagrams through acknowledgements [45]. 

 

 

2.3.4 Real-time Transport Protocol 
 

The Real-time Transport Protocol (RTP) defines a standardized packet format for 

delivering audio and video over the Internet. It was developed by the Audio-Video 

Transport Working Group of the Internet Engineering Task Force and first published 

in 1996 as RFC 1889, and later upgraded to RFC 3550 in 2003[46]. 

 

RTP is used extensively in communication and entertainment systems that involve 

streaming media, such as telephony, video teleconference applications and web-

based push to talk features. For these it carries media streams controlled by H.323, 

Media Gateway Control Protocol (MGCP) or Session Initiation Protocol (SIP) 

signaling protocols [46]. RTP is usually used in conjunction with the Real Time 

Control Protocol (RTCP), which serves as a remote control protocol from the mobile 

device to the server. While RTP carries the media streams (e.g., audio and video), 

RTCP is used to monitor transmission statistics and quality of service (QoS) 

information [46]. 
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2.3.5 Real Time Streaming Protocol (RTSP) 
 

The Real Time Streaming Protocol (RTSP) was developed by the Internet 

Engineering Task Force (IETF) and published in 1998 as RFC 2326 [40]. It is a 

protocol used in streaming media environments. It allows a mobile device to control 

a streaming media server remotely, issuing commands that are similar to start and 

pause commands on video players. It also allows time-based access to files on 

streaming servers. Some RTSP servers use RTP as the transport protocol for the 

actual audio/video data. RTSP can be transported using the UDP as RTSPU or by the 

TCP protocol (RTSPT) [40].  

 

 

2.4    Real Time Video Streaming Over UDP 
 

High quality real-time video streaming requires a huge bandwidth and a highly 

reliable transmission medium. However, wireless mobile networks still have 

difficulties in achieving the required reliability. Streaming with the UDP protocol has 

less overhead than TCP packets, which have a greater overhead due to packet 

acknowledgements. This makes UDP a suitable choice for real time video streaming. 
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CHAPTER 3 

 

STREAMING ARCHITECTURE 
 

Streaming is a method of making video and other multimedia available in real-time, 

over the Internet [47]. Through streaming, a user can begin to watch the requested 

video stream after only a short delay [48]. The short delay is to enable the mobile 

device receive sufficient video frames in its buffers before playback can start. The 

buffers enable smoothness in the playback even if there are variations in the 

transmission rate of received video stream. To stream the video, the video is broken 

into small packets, which are sent over the wireless network from the server to the 

mobile device [47]. It is then possible to begin viewing the video stream from the 

beginning as the rest of the video frames are transferred to the mobile device while 

playing. 

 

A streaming environment typically consists of a server, a network and devices that 

receive the video stream [49]. Figure 3.1 illustrates the Streaming video environment 

where the server streams video to the mobile devices through a wireless network. 

 

 
Figure 3.1: Streaming video environment 

 

Video streaming is a two-step process comprised of the following: 

 

1. The streaming server retrieves the video from live sources or from the storage 

device connected to the server.  

2. The streaming server processes the video and streams it to the mobile devices 

through the wireless network. 

 

In this chapter, the steps required to implement the methods of streaming over two 

wireless channels are described to enhance smoothness during playback on a mobile 

device [13]. 
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3.1 Streaming Over Two Channels 
 

According to Hussein and Lars [13], enhanced smoothness in playback can be 

achieved if the original video and a duplicated copy of the video are streamed to the 

mobile device. The server duplicates the original video, places them on two buffers 

and streams them simultaneously to the mobile devices through the wireless network. 

The mobile device receives both video streams and starts playback. When there are 

missing video frames on any of the received video streams, the mobile device 

switches between both video streams to replace the missing frames, thus enhancing 

the smoothness in playback of the video. This method is an improvement over 

similar suggestions for delivery of video streams to multiple clients [50,51]. Figure 

3.2 below illustrates real time video streaming over two wireless channels to a 

mobile device. 

 
Figure 3.2: Flow diagram of video streaming over two wireless channels based on [13] 

 

  

SELECT THE VIDEO FILE 
CONVERT THE VIDEO TO 

GRAYSCALE 
SEND VIDEO TO THE TWO 

STREAMING BUFFERS 

STREAM BOTH VIDEO STREAMS 
OVER THE WIRELESS NETWORK 

(Delay Stream One for Two 
Seconds) 

DROP PACKETS ON THE 
NETWORK 

(It is assumed each data packet 
contains exactly one video 

frame) 

RECEIVE BOTH VIDEO STREAMS 
ON TWO BUFFERS ON THE 

MOBILE DEVICE 

(Delay Stream Two for Two 
Seconds to Synchronize the 

Video Streams) 

START PLAYBACK OF VIDEO 
STREAM AFTER SUFFICIENT  

VIDEO FRAMES HAVE ARRIVED 

SWITCH BETWEEN THE VIDEO 
STREAMS TO REPLACE LOST 

VIDEO FRAMES 
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3.2 Streaming Servers 
 

Streaming server communicates with a web server connected to a storage database 

from where it fetches the video to be streamed over the wireless network [52]. The 

server observes the video formats and properties, sets the transmission rate for the 

video streams to traverse through the network to the mobile device [29]. In real time 

video streaming, the servers use broadcasts transmission to transmit the video stream 

to multiple mobile devices at the same time. This conserves bandwidth and requires 

lesser resources on the streaming server [53,54].  

The streaming server is developed to perform only a fraction of the tasks that a real 

time streaming server does. The tasks performed on the server side according to the 

proposed case study are as followed. 

 

1. Bandwidth Consideration Settings 

2. Duplication, Queue and Delay 

3. Frame Dropping  

4. Switching in Mobile Device 

 

3.2.1 Bandwidth Consideration Settings 
 

Due to bandwidth limitations of wireless networks identified in Chapter 2, two steps 

are taken on the streaming server to improve video streaming over low-bandwidth 

network conditions. In the first step, the transmission rate of the video is adjusted to 

suit the available bandwidth on the wireless network. This will ensure that the mobile 

device receives all the video frames sent from the streaming server without any 

frames being dropped by the wireless network. 

 

The second approach is to convert the colour video to grayscale in order to reduce 

the size of the video to be streamed.  This is done by analyzing the video and 

converting each frame of the video stream into grayscale. To convert each frame, the 

pixels of the original video frame are analyzed for the red, green and blue (RGB) 

values of its luminescence. A mathematical operation is carried out on the red, green 

and blue values of the luminescence to obtain equivalent grayscale frame [55,56]. 

The formula for obtaining the grayscale values of the luminescence of each pixel is: 
 

(                              )

  
 

 

After the conversion of each pixel, they are combined to form a corresponding 

grayscale frame. The conversion of the colour frames to grayscale reduces the frame 

size by 34%. Table 3.1 gives information on the file sizes of the test QCIF video for 

both colour and grayscale according to the corresponding transmission rates used to 

stream the video over the network. The file size per second can be obtained with the 

use of the frame size formula indicated below [57]. This helps to determine the 

required bandwidth for streaming the video to the mobile device [58]. 

 

           (         )  
                                         

      
 



  21 

Transmission 

Rate 

(frames/sec) 

File Sizes 

Colour Grayscale 

15 1.10MB 742.5KB 

20 1.49MB 990KB 

25 1.86MB 1.24MB 

30 2.23MB 1.49MB 

Table 3.1: File sizes of colour and grayscale frames 
 

 

3.2.2  Duplication, Queue and Delay   

 
A video clip is selected from the input devices or the attached storage devices and it 

will be duplicated and queued into two streaming buffers on the server [13]. Once the 

streaming command is executed, the first video stream is allowed to stream 

immediately while the second video stream is delayed for two seconds. The delay 

mechanism is applied to the second stream in order to prevent the dropping of similar 

frames of both video streams due to the network interferences and traffic load [13]. 

 

 

3.2.3  Frame Dropping 

 
A frame dropping mechanism is introduced in the simulator to portray the 

inconsistencies on the wireless network [59,60,61]. In order to drop the video frames 

as they pass through the wireless network, a range of video frames are manually 

selected on the first and/or second video stream before the streaming starts. Once the 

streaming is initiated, the selected range of video frames is dropped manually as they 

are streamed over the wireless network to the mobile devices. 

 

 

3.2.4  Switching in Mobile Device 
 

The mobile device receives the video frames from both the streams on the two 

wireless channels and queues them into two separate buffers. Due to the delay added 

on the second video stream on the streaming server, the mobile device synchronizes 

both the video streams by implementing a two second delay on the first video stream. 

The mobile device starts playing the video from one of the video streams, once 

sufficient video frames have been received in both buffers. The mobile device 

fetches the frames sequentially from the buffer and displays on the screen. The next 

set of video frames must be buffered while playing the current ones.  

 

If there is a missing video frame on the current stream, the mobile device switches to 

the other buffer to replace the missing video frame. If the missed video frame is 

available, the mobile device continues to play the video from the second stream.  
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CHAPTER 4 

 

STREAMING SIMULATOR 
 

4.1 The Streaming Simulator 
 

To study the effects of video frames lost on streamed video, it is important to provide 

smoothness to the end users. The study requires an observation of the video 

streaming process in a real time environment. Since it is time consuming and not 

easy to implement the streaming application in a real time environment, this study 

was carried out by developing a simulator that depicts a real time video streaming 

environment. The programming tool used in the development of the simulator is the 

C# language on the Microsoft Visual Studio.NET development environment 

 

In the design of the simulator, we avoided the use of third-party .NET components in 

order to make the simulator easy to modify. The use of third-party components like 

the VideoLabs.NET would have restricted the development and manipulation of 

simulator. To overcome this issue, the conversion to grayscale is done at runtime 

with each video frame being extracted and converted to grayscale and then merged 

back to form a new grayscale video stream. This significantly increased the process 

time for extracting the video frame and streaming it to the mobile device. Due to the 

use of two continuous loops, time and system resources were used when performing 

the grayscale streaming. 

 

 
Figure 4.1: A snapshot of the streaming simulator 

 

The simulator is split into three main parts as shown in Figure 4.1. It consists of a 

streaming section, a frame dropping section and a client section. The streaming 

section models the tasks carried out on a streaming server in a real life situation 

while the frame dropping section implements a frame dropping mechanism that 
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resembles the dropping of video frames over a wireless network. The client section 

portrays a mobile device that receives the video stream and plays it.  

 

 

4.2 Streaming Server 
 

In this section of the simulator, a streaming server that implements the streaming of 

two video streams is described as shown in Figure 4.2. The server is used to select 

the video clip to be streamed to the mobile device. Due to different bandwidth 

conditions that exist between the streaming server and mobile clients in a real life 

situation, the server section includes the ability to change the transmission rate for 

the video stream and to convert the video to be streamed into grayscale before the 

streaming process starts.  

 

 
Figure 4.2: Streaming server 

 

Two streaming buffers are used for buffering the two video streams before 

streaming. The two buffers indicated in Figure 4.2 below are used to illustrate the 

current video frames that are currently being processed by both video streams on the 

streaming server. The “Frame Sequence” status bars display the current video frames 

that are being processed by the respective streaming buffers. The total number of 
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video frames to be streamed by the server is indicated in the “Number of Frames 

Sent” status bars. The “Process Time” status bar indicates the amount of time used 

for extracting the entire video clip converting it to grayscale and streaming it.  

 

To stream the video by using the simulator, the video clip to be streamed is fetched 

from the network or attached storage devices. The transmission rate of the video to 

be streamed over the network is then set due to varying bandwidth on wireless 

networks. The transmission rate can be done by selecting from the preset values in 

the system. The transmission of color videos would further increase the network 

traffic and time consuming. In order to reduce this, the videos can also be transmitted 

in the form in grayscale format. In order to transmit the color videos in grayscale 

format, the video is converted into grayscale before being streamed. A snapshot of 

colour and grayscale image for video frame number 151 is shown in Figures 4.3 and 

4.4 respectively. 

 

 
   Figure 4.3: Snapshot of colour frame number 151            Figure 4.4: Snapshot of grayscale frame number 151 

 

The second stream is delayed for two seconds after the first stream in order to avoid 

or limit the event of loss of same video frames from both video streams as they pass 

through turbulent activity in the wireless network. The video is also accompanied by 

the information about the current frame being transmitted, the total number of frames 

sent from the server and the total process time since the server has started streaming 

the video.  

 

 

4.3 Traversing Network 
 

In this section, a frame dropping mechanism is used to select ranges of video frames 

to be dropped as they are sent to the mobile device. During video streaming, frames 

may be dropped or lost due to congestion or other factors in the wireless network. 

This frame dropping is the main cause of unsatisfactory smoothness of video 

playback on the mobile device. 
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Figure 4.5: Frame dropping mechanism 

 

In real life cases, a video frame is sent in several packets due to the size of the video 

frame, however for the purpose of this study we assume each packet is carrying one 

single frame to make our understanding easier. This makes dropping of the packets 

easier while traversing through the network. 

 

In order to simulate the instability in the wireless network, the simulator incorporates 

a manual method for specifying which video frames to be dropped as the video is 

being streamed over the wireless network. In the method used on the simulator, only 

a single range of video frames are dropped from each video stream on the network.  

Starting and end values are selected for each of the video streams as shown in Figure 

4.3. When selecting the range of video frames to be dropped over the network, only 

positive ranges are acceptable on both video streams on the simulator. 

 

 

4.4 Receiving Client 
 

This section of the simulator simulates the tasks carried out by a mobile device 

during video streaming. It receives the video frames from the server and buffers it 

before displaying it on the screen. In the simulator that has been developed, the client 

part of the simulator receives both video frames and uses a switching mechanism to 

replace missing video frames during the playback of the video stream. 
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Figure 4.6: Receiving client 

 

The client part consists of two streaming buffers which indicate the video frames that 

are being received and processed by the mobile device and is as shown in Figure 4.4. 

The status bars used on the client part have the same functionality with those on the 

streaming server. The “Frame Sequence” indicates the sequence of video frames that 

have been received, the “Number of Frames” status bars indicates the total number of 

video frames that have been received on the mobile device, while the “Process Time” 

indicates the amount of time taken to process the received video frames. The Final 

output represents the video seen by the end user on the mobile device. 

 

The mobile device receives both video streams simultaneously with a two-second 

delay. It investigates which of the video frames have been lost from the stream and 

displays the final output by switching between the video streams whenever a video 

frame is missing. The missed video frames can be obtained from the second video 

stream and the resultant video is displayed without any affecting the smoothness of 

the playback. 
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CHAPTER 5 

 

RESULTS AND ANALYSIS 
 

 

The results and observations of simulation tests were obtained while testing the 

simulator. Simulation tests carried out made use of various input parameters 

including changing the transmission rate of the streamed video and using colour and 

grayscale options in different test videos, and different ranges for dropping the video 

frames over the wireless network as they are transmitted from the server to the 

mobile device.  

 

The simulator was useful in proving the effectiveness of using two video streams 

instead of one video stream and in the ways that the method improved the video 

quality of the video stream on the mobile device. The two-second delay which was 

introduced when sending the second stream and when receiving the first stream 

serves two major purposes: the first was to prevent a case of losing identical video 

frames since they were being transmitted together, this would defeat the purpose of 

this streaming method. The other reason was to give the mobile device sufficient 

time to fill its buffers with sufficient video frames before starting playback of the 

video stream. Due to congestion, limited wireless network bandwidth and other 

factors that make wireless networks unstable, some of the video frames may be 

dropped or lost as they are transmitted to the mobile device. This dropping was 

implemented with the help of video frame dropping mechanism and the effects were 

observed on the streamed video received by the mobile device.  

 

While performing the tests with the aforementioned input parameters, the following 

observation was made. Although the grayscale videos are used to preserve the 

bandwidth of the network by reducing the size of the colour video frame by 34% 

[13], it was observed that the conversion process from colour video frames to 

grayscale takes more time, thus resulting in the increase of overall process time. The 

process time is calculated from the moment the video starts streaming over the 

network until the playback is completed on the mobile device, as shown in Table 5.1. 

 

Number 

of 

Frames 

Server Client 

Colour Grayscale Colour Grayscale 

15 22 56 21 56 

20 18 55 18 54 

25 14 49 13 47 

30 12 47 11 46 

Table 5.1: Process time for the test video (seconds) 

 

The time taken to process the colour video stream is 1/3
rd

 of the time taken for 

processing the grayscale video. This is due to the conversion of the original colour 
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video frames to grayscale at the runtime. The colour video streamed is just 

transmitted through the network directly. In the case of grayscale streaming, the 

video frames have to be converted frame by frame before being streamed to the 

client section in the simulator.  
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CHAPTER 6 

 

CONCLUSION 

 

 
The simulator was designed with some of the major functionalities that are used to 

study the effects of the lost frames on the streamed video. 

 

The simulator has been developed on a stand-alone computer to study the effects of 

missing frames on the mobile device and how it affects the smoothness of playback 

of the video on the mobile device. The use of the two video streams and the 

switching mechanism on the client part of the simulator ensured that missing frames 

were replaced on the mobile device during playback of the video. The delay 

mechanism used both on the server and client parts of the simulator reduces the risk 

of dropping similar video frames on both video streams if there is an interruption 

during transmission over the wireless network. The simulator also considers low 

bandwidth conditions by implementing varying transmission rates and colour-

grayscale conversion. It is evident that sending two video streams with a delay 

mechanism to the mobile device improves the smoothness of the playback of the 

video by reducing the effect of dropped or lost video frames on the wireless network. 

There are less visible disruptions to the playback except in scenarios where the 

network dropped many video frames. 

 

The limitation of the simulator lies in the conversion process for capturing the colour 

video frames and transferring it into grayscale. This can be observed through the 

speed of the video process on the mobile section of the simulator. It would be 

interesting to see the improvement of the video conversion process by using a more 

efficient algorithm. Other areas of interest in the simulator development could be 

based on based on a Client-Server architecture which runs the server and client parts 

on different computers, while the network effect on real time situation could be 

observed. Tests could be conducted in real time for different traffic load. 
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