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Abstract: The current streaming systems mvolve making the client end adaptive or sending data with
precautions to increase the efficiency and Quality of Experience (QoE) for the end user. Further, the efficiency
of streaming reduces to a larger extent when the media content is carried over wireless networks. In this study,
a novel system architecture has been proposed in which the QoE is increased by changing the specific video
parameters at runtime, i.e., dynamically modifying the streaming parameters based on the client’s link capability.
The proposed Adaptive Client Server (ACS) algorithm 1s based on local maxima and local minima, using which
the client identifies its incoming bit-rate of streaming video. The client samples and estimates the pattern of
incoming bit-rate and sends the status report to the server in a predefined message format. Upon receiving the
message the server decides and modifies the necessary video parameter based on the adaptive algorithm. The
monitoring by client and listening for messages by server are carried out continuously in a feedback loop,
thereby making the streaming system adaptive in a real time. Performance analysis shows that the proposed
algorithm achieves an approximate increase of 25% in PSNR and 9% in S5IM than the traditional approach.
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INTRODUCTION

The demand for video streaming over a wireless
network 1s rapidly increasing day by day. As per
prediction of Cisco Visual Networking Index, mobile
video will increase eleven times during 2015 and 2020
which will account for 75 % of the total mobile data traffic.
Video codec mnherently generates a large Variable Bit Rate
(VBR) traffic special in the case of Hollywood movies and
many live sports events. Further, there is a need to serve
mcreased user satisfaction in terms of QoE than QoS
(Quality of Service). This motivates to develop a suitable
mechanism in the end devices working on TCP/TP
networks.

Due to limited bandwidth of wireless channels
and time-varying nature of radio link the video streaming
employing internet protocol is challenging. Adaptive
video streaming could be the solution to deliver content
with mmproved QoE by adapting video parameters over
time to time based on the prevailing link conditions
(Ramamurthi and Oyman, 2014; Oyman and Singh, 2012).
HTTP Adaptive Streaming (HAS) for video is a popular
technique because of its inherent advantages over
traditional methods such as Real Time Streaming Protocol

(RTSP) (Alchshabi et al., 2011). Proprietary HAS based
solutions for example Apple HTTP Live Streaming,
Microsoft Smooth Streaming and Adobe HTTP Dynamic
Streaming have become popular. HAS allows a client
driven paradigm for adaptation which differs from
traditional server based approaches. This provides a wide
scope to dynamically adapt to varying available network
resources. The Dynamic Adaptive Streaming over HTTP
(DASH) by MPEG and 3GPP is a standardised approach
to support video streaming (Rodriguez et al., 201 4).

Many Adaptive Bit-rate Streaming (ABS) have been
developed to facilitate and enhance the quality of service
(QoS) of video delivery (Thang et al., 2012; Mller et al.,
2012; Zhuet al , 2014; Liuet al, 2011). These schemes are
implemented at clients and estimate the present network
capacity by estimating the average throughput during
past packets/segments of the video session attached with
the client.

However, the link bottleneck of mobile networks 1s
mainly due to the limitation of the radio access networks.
Clearly, the throughput estimation based on past
packets/segments may not provide true picture of the
problem domaimn. Furthermore, most existing approach on
link adaptation focuses on the traditional method of QoS
measurements which may not be enough to estimate
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Fig. 1: Adaptive client server architecture

perceived video quality at client. This dictates to develop
a mechanism to support only QoS but also QoE at the end
users device (Dong ef al., 2015).

In Device to Device (D2D) communication a QoE
aware resource management scheme may be desirable. In
particular, the aim of radio resource allocation methods
could be to maximize the time-averaged quality of video
streams transmitted (Wang ez al., 2003). But, there is need
to further improve the performance of D2D streaming with
the QoS/QoE-aware solutions. This motivated the develop
a On-The-Top (OTP) mechamsm while leaving behind the
constraints of underlying physical layer resource
management issues and their limitations. The paramount
interest here 13 to develop system which acts m feedback
loop to continuously improve the quality of the video
contents at client.

In tlus study, we propose an adaptive video
streaming solution which is based on proper feedback
from chent systems. The system can be divided into
different phases including video data streaming, rate
measurement, bit rate pattern analysis, message definition,
message transmission, parameter modification at the
source side and updated streaming phases. The streaming
parameters are modified based on how the client receives
the data and estimate link capability. This approach takes
up the problem of network vulnerabilities and tries to
solve 1t by estimating link capacity based on current
conditions prevailing at the client end due to the
unreliability of the intermediate network.

Video streaming system architecture: The proposed
video streaming systems here involves a client and a
media server, at the basic level. Tt visualizes peer-to-peer
connectivity by using two systems among which one acts
as streaming server. The system incorporates the

standard streaming architecture as well as model of peer-
to-peer systems. The peer which acts as data server uses
a web camera as a data source for live streams and
storage mechanism for recorded contents Fig. 1. The
server continuously listens to the client feedback
messages and adjusts parameters of the outgoing video
stream.

The client system or the second peer knows that the
source of video and gets connected to the server using its
URL (Uniform Resource Locator). An HTTP session 1s set
up which maintains the commection between the former
and the latter peers. Once, the video has been received for
decoding, at the client side, several parameters relating to
the received video can be retrieved. Some of the
parameters include the input bit-rate, de-muxed bit-rate,
lost and played pictures, number of read bytes and so on.
Out of all these parameters, the input bit-rate 1s of primary
concern to us. All these data are measured continuously
t1ll the end of the stream and stored as a separate data set.
The monitoring process is carried out concurrently when
the client decodes and plays the stream. Also for every N
frames of the streaming video, analysis is performed for
determimng the link capability and content quality at the
client. The bat rate pattern analyzer at client computes and
maps the data rate into one of the pre-defined pattern.

MATERIALS AND METHODS

Adaptive Client Server algorithm: The proposed
Adaptive Client Server (ACS) algorithm deals in
identifying the network conditton under which the client
1s getting the streams from the data source. This algorithm
applies periodic evaluation technique instead of
continuous evaluation method. Because if analysis is
carried out for every single frame of video and changes
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are made based on the results of such analysis, the server
may have to change the parameters of the stream too
frequently. This may increase the server load and
sometimes lead to incapacitation of the server. Also, there
may be situations when the conditions may not be
tolerable for only one frame and the server changes the
configuration. But if the conditions regain normalcy for
the next frame, the changes made by the server can cause
degradation.

To avoid such problems, our algorithm works on a
continuous set of data and not on just a single frame of
data. The primary parameter for our algorithm 1s the mput
bit rate. Based on the variations of this parameter, the
status of the network link at client is identified. We have
designated four different statuses for the client and each
status 1s given a code to identify itself. This helps the
server understand the client’s status once it receives the
status code in the message from the client.

The proposed ACS algorithm has two parts: one
works 1n the client part and the other part works in the
server side. The work in the server part is minimal thus, it
prevents the server from getting overloaded. On the other
hand, the client side of the algorithm does extensive work
to clearly identify the state of the network that feeds the
streams to it. Both desirable and unfavorable conditions
are identified and given status codes.

Client part: The client part of ACS algorithm has two sub
tasks namely sampling the input bit rate, finding all the
local maxima and local minima from the sampled data,
analyzing the local maxima and mimma and their variation.
The client side of the algorithm 1s given below: The IB 1s
Tnput Bit rate storage for N frames. T is Index for N frames.

Algorithm:

Spanall frames in IB

Find Local Maxima (IB)/ *create the list of local maxima 1, start,
mid end-Parameters to find the local maxima next-next element in IB*/

Repeat

find the next three distinct values (start, mid, end)

it start < mid = end then

add mid to L.

until the list TB is traversed fully

Find Local Minima (IB)/*Create the list of local minima l,;start,
mid, end-Parameters to find the local minima next— Next element in IB*/

repeat

find the next three distinct values (start, mid, end)

if start > mid < end then

add midto 1,

until the list IB is traversed fully

m,<-analyse Max Curve (1,.,)

find start, end and median//median of the sample

data

if (start, median, end) produce increasing monotonicity then

return positive value//increasing case

else

return negative value//decreasing case

m<-analyseMinCurve(l,)

find start, end and median

if (start ;median, end) produce increasing monotonicity then
return positive value//increasing case
else

return negative value//decreasing case
if m, is positive then

if iy is positive then

set status as Progressive

else

set status as Stabilized

else if m, is negative then

if iy is positive then

set status as Fluctuated

else

set status as Degraded

Set status code

Send status to source side

Identifying local maxima and minima: The set of input bit
rate values for every N frames are collected. This set of
values is acted upon to get the local maxima and local
mimma values. Local maximum 1s the value whose
previous and next neighbor values are lesser than itself.
Local minimum is the value whose previous and next
neighbor values are greater than itself. Let I be the set of
all input bit rate values fetched as part of the media
statistics, then the set L, contains all the local maxima
from the given set I and L, contains all the local minima
from the given set I:

L={inip0e, ] (1

Where: n = the number of frames observed, X = the
set of all triplets in I such that, they are all distinct:

X = {Sets :s(a,b,c)such thata,b,celandal =bl = c} (2)

Where: X, 1s the set of all elements after the mid
element of X, and all elements before the mid element of
X+i. This 1s used for finding the slope of the mput bit rate
curve to find whether the point at X, =A local maximum or
a local minimum:

s:s(x,y)suchthatxe(b,c) 3)
697 in X andye(a,b) inX,

¥, 18 the set of all elements after the mid element
of X, , and all elements before the mid element of X. This
1s used for finding the slope of the mput bit rate curve to
find whether the point at X is a local maximum or a local
Minimum:

s:s(x,y)suchthatxe(b,c) @
6 inX,_ andye(a,b) inX(l)
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Fig. 2: Local maxima and local minima

L. contains a list of elements such that each element
1. in the set, 1, = mid (X,) such that:

(), d0x)
dx * dx

dx.) _, (5)
dx

-0

£l

L, contains a list of elements such that each element

1 in the set, 1, = mid (X)) such that:

d(xi—) <0 d(Xl) = d(xﬁ) =0 (6)

Tn other words, local maximum represent a crest value
and local minimum represent a trough value. In case of
consecutive 1dentical values, the next and previous
different values are considered for finding the local
maximum and local minimum. This is repeated for all the
frames in the fetched sampled data set (Fig. 2).

Analyzing local maxima and minima: Four different cases
have been identified in the variation of the local maxima
and local mimma. After all the local maxima and local
minima are 1dentified, they are stored in array. Now, both
local maxima and mimma curves can have either mcreasing
or decreasing monotonicity. This leads to four
combinations in total. Under given circumstances if both
the local maxima and local mmima curve have increasing
monotomcity, then we designate this state as
‘Progressive’. If the local maxima curve is increasing but
the local minima curve is decreasing then we designate
that state as ‘Fluctuated’.

If the local maxima curve is decreasing but the local
minima curve is increasing then we identify this state as
‘Stabilized’. On the other hand if both the curves are
decreasing, we 1dentify the state as ‘Degraded’. All the
statuses are given codes for identity. These statuses are
sent to the server along with the current frame width,
height, frames per second, audio and video bit rate and
checksum. The process 1s repeated for every set of N
( N = 300) frames. The number 300 1s used because, 30

frames per sec being the most prevalent temporal
resolution, this gives 10 sec interval to monitor the
variation of input bit rate.

Thus, the momitoring process 1s neither too long nor
too short. The four states of the client and their respective
graphs are shown in Fig. 3. The states progressive and
degraded are opposite to each other. Similarly, the states
stablilized and fluctuated are exactly opposite to each
other.

In the server, the system receives the message sent
by the client and gets the status code from the message.
Using this status code, the server can identify the status
of the client to be one of progressive, fluctuated,
stabilized and degraded.

Server algorithm:
Ri-8patial resolution, Tj-Temporal resolution
8-{SQCIF, QCIF, CIF, QVGA} T-{15, 25, 30}
i, j-Indices to traverse through the collections of Spatial and Temporal
Resolution respectively.

Initial Configuration set to (8;, Tj)-default specification set to QCIF
and 30 fps

repeat

Receive status from client

if Status—>Progressive//local maxima and local minima are increasing

continue with same spatial and temporal resolution (8., T))

else if Stams—>S8tabilized//local maxima decreasing and local minima
increasing

sarme spatial resolution §;

proceed with increased temporal reselution Tjy,

set configuration: (8, Tj;)

else if Status—>Fluctuated//local maxima increasing and local minira
decreasing

same spatial resolution S;

reduce the temporal resolution to Tj

set configuration: (8;, Tj1)

else if Statis—>Degraded/local maxima decreasing and local minima
decreasing

reduce the spatial resolution to 8;,

same temporal resolution T

set configuration: (8,,, T})

until connection is terminated

Based on the status of the client, the server side
modifies the spatial resolution and/or the temporal
resolution 1.e., frame rate. Spatial resolution refers to the
width and height of each frame. Common spatial
resolutions for video streaming include CIF, QCIF, SQCTF
and QVGA. There are other high defimition formats but we
have restricted our system to these four. It 13 designated
in pixels. Temporal resolution refers to the number of
frames sent per second and common temporal resolutions
include 30, 25 and 15 frames per sec.

If the status of the client 15 found to be progressive,
the server understands that the streamed content is
received well at client. It then continues with the same
spatial and temporal resolution If the client’s status is
found to be stabilized, then the server experiments the
system by having the same spatial resolution but higher
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the streams and play it So, the whole system
| 64 Bits | can be broadly categorized inte two main
) components-source/server components and the client
CODEC
component.
Width Height
Audio bit rate Video bit rate Tasks performed by different components: The various
Frame per second Checksumn tasks performed by the source component include:

Fig. 4 Message packet format

temporal resolution. If the client’s status 1s fluctuated,
then the server reduces the temporal resolution alone. If
the client’s status is degraded, then the system needs
utmost care and so, the server reduces the spatial
resolution 1.e. it sets the next lower spatial resolution.

Message format definition: Several parameters form the
complete metric set of video transmission. In our system,
the primary ones are the client status code, video bit rate,
audio bit rate, frames per second, resolution, i.e. the width
and height of frame. Each of these parameters has its own
effect on the efficiency and effectiveness of video
transmission. So the desiwred message format should
encapsulate all these parameters (Fig. 4). This format must
be easier for the other end to comprehend and extract all
individual fields. The size of each field is set to be 32 bats
for an integer type of value. The status code 1s the code
allotted to the input bit rate status of the client. All the
other parameters represent the current condition of the
streaming system.

Implementation of client-server system: Here, one-to-one
server-client streaming is performed using two systems.
The server streams the live or stored data to client on its
request. The client specifies the URL of the server to get

»  Streaming video data to the client

» Listering to messages from any client

*  Analyzing the message to identify the state of the
client

»  Modifying the temporal and spatial resolution based
on the state of the client

The various tasks performed by the client component

include:

*  Decoding and playing the stream sent by the source
side

»  Concurrently fetching the media statistics parameters
like mput bit rate, total bytes read, demux bit rate,
played and lost pictures, etc

¢ Implement the local maxima and local minima based
algorithm on specific set of consecutive frames and
identify the status of the client and set a code for the
status

¢  Encapsulate the status code, the cwrent video
configuration such as audio and video bit rate, frames
per second, width and height of each frame along
with the checlksum of all the above data into a single
message and send it to the server side

Source side workflow: The source component consists of
two primary modules which run concurrently and both are
dependent on each other. The first module performs the
task of providing the video data stream to the client. The
server needs to stream either stored contents or live
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events. In case of a stered stream, the media resource
locator 1s set to the location of the video file in the disk. In
case of live stream, the media resource locator is set to the
capture device. Once the media resource locator is set, the
necessary transcoding of the video 1s performed. To
umprove efficiency and flexibility of implementation, H.264
encoding is used. While transcoding the desired number
of frames per second, audio and video bit rate, resolution
are set to a pre-defined value then the address to which
streaming has to be carried out 1s specified along with the
port number. The work flow of streaming process at server
side is depicted in Fig. 5.

The second module opens up a separate connection
mn a specific port and starts listerung for messages from
clients. Once it receives a message, it identifies the client
which has sent the message, then it identifies the status
of the client from the status code with reference to the
server side mnplementation of the local mexima local
minima algorithm. This is carried out after the server
separates the message from client every byte-by-byte.
The server then finds whether it has to change the
temporal resolution or spatial resolution or both or
nothing.

Once the necessary changes are determined, the
server passes the control to the send process and
requests 1t to restart the stream with the modified

parameters. Both tasks run in parallel so that both are
active all the time and there 13 no deadlock involved in
this process.

Client side work flow: The client side consists of three
modules. The first module reads the stream and start
playing through media player. The second module which
records the media statistics implements our proposed
algorithm and identifies the status of the client. The third
module populates the message to be sent to the server
and sends it. The play module knows the source from
which it has to stream the data i.e. the IP address and the
port number. It sets the above information m the media
resource locator and then it starts streaming data. This
headless media player is created with the help of packages
provided by the open source VI.C media framework. The
client side workflow 1s represented in Fig. 6.

The second module holds the responsibility of
implementing the local maxima and local minima based
algorithm. The input bit-rate for N (e.g., N = 300) frames is
stored n a simple data structure like a list or an array.
From this fetched data set, all the local maxima and local
minima points are identified and stored separately. Then
the monotonicity of the measurement of both the local
maxima and local mmnima are observed and based on this
the status of the client 1s set. The third module reads the
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status of the data link analyzes it and then connects to the
server which 15 waiting in a defimte port. This module
encapsulates the feedback of the client’s status along
with several other parameters into a message. These
parameters include, the audio and video bit rate, number
of frames per second and width and height of each frame.
These are the values represented at the current timestamp
or current condition. The checksum of all the above
values is calculated and added with feedback messages;
the server uses it to verify the integrity of the message
over the networle.

At source: Dell Inspiron N5010 desktop computer has
been used as the test device. It 1s configured with 2.53
GHz i3 processor and 300 GB RAM. The broadband
comection used in this system on part of source side 1s
Reliance Netconnect+. It works on 3G WCDMA
technology. The service provider had promised a
maximum speed of 3.1 Mbps but as per the measurement
by Speedtest (17), the average uplink speed is found to be
0.45 Mbps and the average downlink speed 1s 0.80 Mbps.

Client side: At the client a Dell Inspiron N5010 desktop
computer has been used as the test device. Tt is
configured with 2.53 GHz 13 processor and 300 GB RAM.
The broadband connection used in this system on part of

>
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Systerm
MODULE 3
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| Sample Data dmival Rate I

Motification Sending Message

v
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client side 15 Tata Photont+. It works on 3G CDMA
technology. The service provider had promised a
maximum speed of 3.1 Mbps but as per Speedtest, the
average uplink speed 15 0.40 Mbps and the average
downlink speed is 0.75 Mbps. Successful extension of our
systermn.

RESULTS AND DISCUSSION
The proposed system is  analyzed both
using  objective and  subjective parameters.

Subjective parameters include the user perception,
degree of user acceptance and Mean Opimon Score
(MOS). Additionally, we have evaluated the full reference
metrics objective parameters such as PSNR (Peak
Signal-to-Noise Ratio) and SSIM (Structural Similarity

Index).

(A) Peak Signal to Noise Ratio (PSNR): The Mean
Square Error (MSE) is defined as:

m=1ln— 2

>33y k(i) ] )

1 1
mn ;- =0

MSE =

Now, the PSNR 1s represented as:
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Table 1: PSNR without adaptation

Table 3: SSIM without adaptation

Frame Vahie Frame Vahie Frame Valie Frame Value
1 26.64293 14 2971997 1 0.888891 14 0.886104
2 27.27006 15 29.76004 2 0.88527 15 0.887899
3 27.39611 16 2988675 3 0.884744 16 0.887474
4 27.54983 17 30.045%94 4 0.880751 17 0.888953
5 21.27956 18 30.047%96 5 0.661802 18 0.890429
6 27.31895 19 30.09554 [} 0.878823 19 0.888053
7 27.65851 20 30.28559 7 0.879605 20 0.891229
8 27.72627 21 3040153 8 0.879985 21 0.892589
9 28.00803 22 3040432 9 0.880873 22 0.891411
10 24.93596 23 30.41034 10 0.778868 23 0.890079
11 2855474 24 30.37876 11 0.882004 24 0.888729
12 2875276 25 30.38894 12 0.88308 25 0.890884
13 29.23838 26 30.25869 13 0.887302 26 0.890456
Average 28.63374 Average 0.873037
Table 2: PSNR with adaptation L . L.
Frame value Frame value for the original and the processed video. Here, the original
1 24.3014 14 36.23358 video at the source and decoded video at the receiver are
2 37.91204 15 37.69557 : :
3 1747055 16 1612432 stored for evaluation purpose. Both videos are compared
4 3630337 17 36.30403 frame by frame and performance measures were analyzed.
5 37.43405 18 36.27345
6 37.60236 19 36.21928 .
7 3727040 20 3634713 PSNR obse.rvatlon. PSNR me.asurements are performed on
8 3607328 21 36.23696 with or without the adaptation process of the system.
?0 g;-;ﬁgg gg gg?gﬁg This 1s computed for a specific number of frames. Without
1 3613401 2 3545087 adaptation, an average PSNR of approxnnately 29 dB is
12 37.39451 25 35.4101 observed (Table 1) but with adaptation, the average PSNR
13 36.18317 26 361933 value approaches 36 dB (Table 2) which may be desirable
Average 35.99601

MAX? MAX
PSNR =10log, | — 1 | =20]og | —mm L | =
g‘”{ MSE } gm{\/MSE} (8)

10.log,, (MAX, } ~10.1og,; (MSE)

Structural Similarity Index (SSIM): The SSIM index 1s
computed on different windows of an image (Wang et al.,
2003). The measure of SSIM between two windows x and
v of common size N*N is:

SSIM({x,y)= (204, +¢,)(20, + c,) 9)
(Wi +u; e (ol +o)te,)

Where:

Ly = The average of x

u, = The average of y

a’, = The variance of x

o, = The variance of y

Oy = The covariance of x and y

candc, = Two variables to stabilize the division
with wealk denominator given by ¢
=LY, ¢, = (LY

L = The dynamic range of the pixel values
{generally 2%tz -1)

k, = 0.01,k,=0.03 by default

Tool used: A tool called Video Quality Measurement Tool
(VOMT) (20} 1s used to find the PSNR and SSIM values

i high quality videe commumication. The PSNR
calculation is carried out on frame by frame index, thus
avolding any frame mismatch errors which are bound to
occur when videos are compared.

Considering the low end streaming server and client
systems in our implementation process, the PSNR of 36
dB states the usefulness of the proposed system. The
performance parameter measurements were carried out for
the first 26 frames and it can be observed that the system
achieves a targeted PSNR. These measurements are
subject to the complexities due to compression and
encoding, as they may result in empty frames in between
the normal frames. Thus it i1s better to convert the data
into raw video format and then find the PSNR.

SSIM readings: Using the same VOMT tool, the SSTM
values were also calculated. The source and the client
video are compared frame by frame and individually SSIM
15 calculated. The average value of SSIM without
adaptation is nearly 0.86 as shown in Table 3.

With adaptation, the average SSIM value seems to
close in on 1 (Table 4). This 1s a significant increase of
nearly 0.1 approximately. Similar to PSNR, SSIM value also
fluctuates slightly with subsequent frames but system
achieves the targeted high value.

PSNR comparison plot: The companson of, PSNR of the
video stream without and with adaptation are graphically
shown in Fig. 7. Tt shows that with adaptation, the PSNR
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Fig. 7: PSNR of first 27 frames
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Fig. 8: SSIM of first 27 frames

Table 4: SSIM with adaptation

Frame Value Frame Value

1 0.835199 14 0.966807

2 0.973332 15 0.970689

3 0.97119 16 0.965643

4 0.967383 17 0.966794

5 0.970903 18 0.966183

6 0.97159 19 0.96713

7 0.970696 20 0.966242

8 0.96833 21 0.964931

9 0.962352 22 0.960343

10 0.963191 23 0.961563

11 0.964497 24 0.959898

12 0.970917 25 0.961336

13 0.96674 26 0.965507
Average 0.961515

Table 5: Mean opinion score

MOS Quality Impairment

5 Excellent Trnperceptible

4 Good Perceptible but not annoying

3 Fair Slightly annoying

2 Poor Annoying

1 Bad Very annoving

value 18 significantly ligher than that without adaptation.
During the experimentation an average of 25% increase in

Table 6: MOS of 20 students

USERS MOS Users MOS

1 4 11 2

2 3 12 3

3 4 13 3

4 2 14 4

5 3 15 4

4] 4 1o 4

7 4 17 4

8 4 18 3

9 3 19 4

10 3 20 3
Average MOS 3.4

PSNR iz observed here. Since, the proposed

system  maintains an average PSNR of 36

dB it is suitable for the high quality video

commurication.

SSTIM comparison plot: The comparison of SSIM of the
video stream without and with adaptation 1s shown in
Fig. 8. Tt shows that with adaptation, the SSIM value is
significantly higher than that without adaptation. On an
average there is increase in SSIM by 9% than the
traditional approach during the experiment conducted on
the live video streaming. The observe average SSIM of
>0.96 % could be highly desirable in many high end
application like tele-medicine.

Subjective analysis-mean opinion score: The MOS 15
generated by averaging the result of the standard
subjective tests where a number of spectators rate the
observed video quality of video samples streamed over
the communications medium being tested. A spectator is
required to give each video a rating using the following
rating scheme (Table 5).

The proposed system was tested with a set of 10
students as test base. They were shown the video
streaming system without and with adaptation.

They were asked to rate the system on a scale of 5.
Most of the responses were positive and some were
average. Figure 9-10 shows the four frames of the stored
foreman video and decoded sequence respectively. The
four frames of live video stream at the place of
experiment with corresponding  decoded
are shown inFig. 11 and12.

After assessing the video quality both without

sequence

and with adaptation, several target users (students)
have given positive feedback. Their ratings were
taken mn the form of Mean Opion Score. The
MOS given by 20
Table 6. The average value tumed out to be 3.4

students is given below in

which is nearing ‘good’ category.
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Fig.11: First 4 frames without adaptation (live stream)

Fig.12: First 4 frames with adaptation (live stream)
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CONCLUSION

An adaptive streaming system was implemented
based on the local maxima and local mmima. Our approach
has shown a 25% mcrease m PSNR and 9% increase in
SSIM values, respectively. This 13 an appreciable gain
when considering the limited streaming servers and
systems used in our experimental setup. Experimentation
on live as well as stored video was conducted and
performance observed using continuous measurements.
Discrete measurements at packet level were avoided
deliberately because of the difficulties posed by the
unfavorable network conditions.

Specifically, changes occurring for a very short
period of time don’t demand parameter modifications at
the source side. If a change 13 accommodated during
transient period, it may prove to be futile. As our
algorithm 1s tested in a real-time system, all the real-time
impairments which cannot be identified by the simulation
environment, are taken care of.

SUGGESTIONS

The proposed system has no third party dependency
because we have used an open source framework for
streaming purposes. This can be used as a model for a
client-server/peer-to-peer streaming system, as there is
not much services dedicated to streaming server type of
systems, in our implementation. This system can be
extended mto a two-way streaming system so that
adaptation can be done on both sides and the system
then completely becomes a peer-to-peer system. Tt is also
plan to support tele-medical video streaming in the
proposed framework.
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