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Abstract—Transmitting a real time video streaming over a
wireless network cannot guarantee that all the frames could be
received by the mobile devices. The characteristics of a wireless
network in terms of the available bandwidth, frame delay, and
frame losses cannot be known in advanced. In this work, we
propose a new mechanism for streaming video over a wireless
channel. The proposed mechanism prevents freezing frames in
the mobile devices. This is done by splitting the video frame in
two sub-frames and combines them with another sub-frame from
different sequence position in the streaming video. In case of lost
or dropped frame, there is still a possibility that another half
(sub-frame) will be received by the mobile device. The receiving
sub-frames will be reconstructed to its original shape. A rate
adaptation mechanism will be also highlight in this work. We
show that sever can skip up to 50% of the sub-frames and we can
still be able to reconstruct the receiving sub-frame and eliminate
the freezing picture in the mobile device.
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I.

INTRODUCTION

Mobile cellular networks provide freedom to the mobile
users for calling and receiving calls anywhere and at any time
while the mobile users are on the move. Streaming technology
delivers video frame over a network from the server to the
client in real time. Streaming video is the classical technique
for achieving smooth playback of video directly over the
network without downloading the entire file before playing the
video [1]-[3]. Streaming video requires high reliability with a
low bounded jitter (i.e. variation of delays) and reasonably
high transmission rate [4].
Real-time video streaming requires a steady flow of
information and delivery of frame packets according to their
deadline; wireless radio networks have difficulties to provide
such reliable service [5]. However, the transmission errors in
forms of packet delay, jitter (packet inter-arrival variations),
and packet loss can have major impact on the end user
experience.
This is particularly true in a cellular network environment
where the channel condition can vary dramatically due to
fading and other network effects [6].
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Bandwidth is one of the most critical resources in wireless
networks, and thus, the available bandwidth of wireless
networks should be managed in an efficient manner [7].
Therefore the transmission rate of streaming video should be
reduced according to the bandwidth of the communication
networks [8][9]. Network adaptation refers to how many
network resources (e.g., bandwidth) a video stream should
utilize for video content, resulting in designing an adaptive
streaming mechanism for video transmission [10]. To stream
video, it is desirable to adjust the transmission rate according
to the perceived congestion level in the wireless network to
maintain a suitable loss level and fairly shared bandwidth with
other connections. Furthermore, it’s favourable for the
streaming video to be aware of the transmission level in the
wireless channel in order to obtain good streaming quality by
appropriate error protection.
Aziz et al. [11], present a mechanism to split the video
frame into two sub-frames and transmit it over two wireless
channels in a cellular network. After the two video streams
have been received by the mobile device, a checking
procedure will used to identify the missing sub-frames. The
checking procedure is needed to identify the missing subframe and to reconstruct the available sub-frame. The
reconstruct mechanism is based on taking the average of the
neighbouring pixels to replace the missing sub-frame to get
fully frame shape, but the main limitation for their work is
transmitting each video frame over two wireless channels.
To overcome the transmission of each frame over two
wireless channels, a sub-frame crossing mechanism is
proposed based on frame splitting mechanism in [11]. It will
split the frame in two sub-frames, and combine the sub-frame
with another sub-frame from a different sequence position and
transmitted as a single frame over a single wireless channel. In
case of frame losses or frames corruption from the streaming
video, there is still a possibility that one of the sub-frame will
be received by the mobile device. The receiving sub-frame
will be reconstructed to its full frame shape.
The remainder of this paper is organized as follows. Section
II explains the proposed mechanism for real time video
streaming by using sub-frame crossing mechanism and
transmitted over single channel, while the rate adaption are
presented in Section III. The discussion and the conclusion of
the proposed mechanism will be presented in Section IV.

Figure1. Frame split.

Figure 2. Streaming crossing sub-frames over wireless channels.

Figure 3. Receiving the streaming sub-frames crossing in the mobile device.

II.

THE PROPOSED TECHNIQUE

Mobile video streaming is characterized by low resolutions
and low bit rates. The bit rates are limited by the capacity of
UMTS radio bearer and the restricted processing power of
mobile terminals. The commonly used resolutions are Quarter
Common Intermediate Format (QCIF, 176x144 pixels) for cell
phones [12]. Mobile real time application like video streaming
suffers from high loss rates over the wireless network [13] and
the effect of that the mobile users may notice some sudden
stop during the playing video, the picture is momentarily
frozen. Frozen pictures could occur if the video frames have
been delayed or been dropped.
The proposed mechanism is based on the way of
packetizing the video frame and transmitted over a single
wireless channel and this can be done by splitting the video
frame into two sub-frames based on the pixel splitting
technique [11] to create two sub-frames out of each frame,
where one sub-frame contains the even pixels and another
contains the odd pixels as shown in Fig. 1[11].
The mobile client’s request the connection to the server,
the server will start streaming by splitting each frame into two
sub-frames which will be queued in different buffers
according to the frames sequence number and to its contains.
In this study, we will assume that the transmission rate is
30 frames/second. The first 15 frames (f 1, f 2, f 3, …,f15) will be
queued in two buffers and each buffer will hold 15 sub-frames
as an example Buffer A´ = (f ´ 1, f ´2, f ´3, …, f ´15) , A´´ = (f ´´ 1, f ´´2,
f ´´3, …,f ´´15), while the next 15 frames (f 16, f 17, f 18, …,f30) will
also be queued in two buffers as B´ = (f ´ 16, f ´17, f ´18, …, f ´30), B´´
= (f ´´ 16, f ´´17, f ´´18, …,f ´´30), as shown in Fig. 2.

Figure 4. Reconstruct frame.

The crossing mechanism between two sub-frames from
different buffers and from different sequence position will be
combined with each other and will create as a normal frame
and as an example {(f ´1, f ´´16), (f ´2, f ´´17),… … … , (f ´14, f ´´29),
(f ´15, f ´´30), (f ´16, f ´´1), …, (f ´29, f ´´14), (f ´30, f ´´15)}.
This will be applied to the entire video frame and will be
transmitted over a single channel. The reason behind that, if
there is a lost or dropped frame from the streaming video, the
effect will be on two sub-frames from two different frames
that are in different positions from the streaming sequence.
After each frame has been received by the mobile device a
splitting frame technique will applied. The sub-frames will be
hold in different buffers and according to the way they have
been split at the server side as shown in Figure 3. The subframe will distributed to the relevant buffers and a
combination of the sub-frames according to their sequence
will be considered with buffers switching to create frame
sequences of the stream.
A frame checking sequence will take place after the
combination between the sub-frames that are related to the
original frame. A checking procedure will used to check the
availability of the sub-frames, as an example, the first check
frame sequence (CFS), will check whether the both subframes that are related to the same frame are available or not.
If both of them are available then a join mechanism will be
applied to return the frame to its original. In the case when
there is a network interruption, e.g., if the sub-frames are
corrupted and will be unreadable by the decoder or the subframes are dropped, the second CFS will check if there is at
least one sub-frame available or not.

If it’s not available then we considered that the frame is
dropped from the frame sequence. If there is at least on subframe are available, the reconstruction of the sub-frame will
take place in the mobile device by taken the average of the
neighboring pixel to replace the missing pixel and to get the
normal frame shape and play it on the mobile screen with
acceptable quality level, as shown in Figure 4 [11]. While the
experimental study for the sub-frame crossing mechanism has
been tested according to International Telecommunication
Union (ITU-R) [14] and under different network condition and
for different motion video and we get similar results as in [11].
III.

The proposed mechanism is based on packetizing the video
frames and transmitted over a single channel. The extra
implement delay time is needed for the sub-frame to merge
with another sub-frame from different position in the server
with the amount of time is needed in the mobile device to
combine the sub-frame to the original frame shape is 1 second.
While the discard frames rates should be limited to 50% from
the amount of transmission rate been streamed from the server.
Table I: IMPLEMENTATION COMPARISON
Proposed

RATE ADAPTION

Rate adaptation for streaming video is regarded as a
necessary mechanism in order to handle the network
conditions, and fluctuations of available network bandwidth.
During the interactive mode, the server rate is adapted to the
requirement of the available bandwidth in the wireless network.
The adaption rate for the sub-frame crossing mechanism
should be considered carefully to avoid skipping the subframes that belonging to the same video frame and with the
consideration of the network bandwidth and network
interruption to the streaming video. This can be done by not
considering the combination of the two sub-frame and
transmitting only one half of the frame (any sub-frame) to the
mobile device and according to the following percentages:
•

10% adjustment: we will skip every 5th sub-frames
from buffer and .

•

25% adjustment: we will skip every even sub-frames
from buffer and .

•

50% adjustment: we will skip all the sub-frames from
buffer and .

The rate adaptation mechanism is needed to adjust the
transmission rate based on the congestion level. The server
will adjust the transmission rate by skipping the sub-frames
that are not related to each other and the skipping rate limits
shouldn’t cross 50% from streaming video to avoid discarding
the sub-frames that are related to the same video frame.
IV.

Sub-frame crossing mechanism is proposed to distribute
the sub-frames in different positions in the streaming sequence
by combine it with another sub-frames. The idea behind that is
to avoid losing the complete frame and allow at least half of
the frame (sub-frame) to be received by the mobile device.
The proposed mechanism is based on the limitation on [11],
where the analysis comparison between the two scenarios is
presented in Table 1.

No. of Channel(s)

1

2

Overhead

Normal

Double

Extra Delay Time
Implementation

1 Sec.

2 Sec.

Streaming the sub-frame over tow channels scenario [11]
will increase the overhead to double; while the implementation
delay time been applied is 2 seconds. Implementing the delay
time is to avoid the transmission of the same sub-frame at the
same time under the same network condition and this will
minimize the effects on the same frame. While the
combination between sub-frames will take place after the
mobile devices start receiving the same amount of sub-frames
from both channels. While the main strength is that if the
amount of skipped frames are high it’s still there is a
possibilities that we could reconstruct the missing sub-frame.
Our proposed mechanism appears to provides a promising
direction for eliminating the freezing picture in the mobile
screen, that been caused by the missing frames from the
streaming sequence. Adjusting the amount of frames to be
transmitted according to the changes in the bandwidth is highly
needed to reduce the amount of frames that needs to be send to
the mobile device under congested network. However, the
quality of the receiving video is degraded.
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