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Abstract—Multimedia (image, video, music, etc.) occupies an 

important place in today's society thanks to the diversity of 

electronic equipment capable of creating and reading multimedia 

content. This paper propose a prototype for multimedia wireless 

communication, with H.264 and SPIHT encoding along with 

forward error correction code REED Solomon .An adaptive 

modulation scheme is opted for the efficient communication 

according to the quality of  video in demand. Different 

approaches exist to improve the quality of use of a video service. 

Among these approaches, this paper find methods of 

improvement based on indicators of human perception of quality. 

PSNR, MSE and VQM are considered parameter for the 

evolution of proposed prototype. 

Keywords—H.264, MSE, PSNR, REED Solomon, PSNR, and 

VQM. 

I. INTRODUCTION TO MULTIMEDIA INFORMATION 

Packet losses are inevitable on a planetary network. 
Protocols such as TCP (Transmission Control Protocol) 
generally provide retransmission of lost packets. However, 
this solution is not ideal because it is not compatible with the 
real-time constraint that characterizes multimedia services 
such as videoconferencing, network games or television 
broadcasting. 

The solutions put in place to guarantee an acceptable level 
of quality occur at different stages of the transmission chain. 
They can thus act in prevention (corrective codes by 
anticipation) or in response to problems (compensation of 
losses) [2]; that can be implanted at both ends of the 
transmission chain (robust encoding and decoding) [3], [4] or 
in the network (traffic classification). In addition, we can 
distinguish between the methods that operate on the content of 
the source (taking into account the hierarchy) and the more 
generic methods that apply to all kinds of data (e.g. network 
encoding) [5]. 

The success of solutions to improve quality of service can 
be measured in several ways. One means is the measurement 
of quality of service parameters such as packet loss rate or 
jitter. These measures are indeed indicative but do not provide 
sufficient information on the quality perceived by the end 
user. 

The quality of use reflects the level of satisfaction of users 
of a service. The most reliable way of measuring it is by 
conducting experiments called subjective quality assessment 
tests. During these tests carried out in a standardized 
environment (according to recommendation BT.500-11 [6] for 
example), a panel of observers evaluate the quality of images 
or videos by assigning them a chosen note on a given scale.. 

II. PROTECTION BASED ON PERCEPTION 

Different approaches exist to improve the quality of use of 
a video service [8], [9]. Among these approaches, we find 
methods of improvement based on indicators of human 
perception of quality [10]. These methods are justified by the 
fact that the end user of the service is generally a human being 
and that it is therefore reasonable to improve the quality of use 
according to its perception. However, a good understanding of 
the factors that vary the quality of use is necessary beforehand. 
It is thus necessary to identify the effect of discomfort created 
by transmission errors. This is done by studying closely the 
reaction of the users to the degradations caused by the loss 
patterns that typically characterize a network of packets. 

To the degradations caused by loss patterns which 
typically characterize a network of packages. 

At the level of perception of quality, the Human Visual 
System (SVH) plays an essential role in the acquisition of 
information. However, the SVH has a limited capacity for 
processing visual information. This translates into mechanisms 
for selecting visual information the most important in our field 
of vision. In a context of protection of multimedia data against 
transmission errors, an interesting approach would be to 
allocate more protection to data that may attract the attention 
of the user. 

To determine perceptually important parts of information, 
can be used. For example, video tracking of eye movements 
informs about the regions of the image that attract the 
attention of the observer. Once the hierarchy of the identified 
source, the robustness of the regions of interest against the 
errors of transmission must be increased to ensure satisfactory 
quality of use. 

Since the multimedia data of a stream is usually 
compressed, there are strong dependencies between them. 
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These dependencies increase the vulnerability of the flow 
against transmission. Thus, the corruption of part of the data 
or their loss generates a propagation in cascade of the error 
which can severely degrade the quality of the decoded stream. 
It seems therefore, it is reasonable to try to reduce this 
propagation effect, particularly in perceptually significant. 

III. VIDEO AS A MULTIMEDIA SERVICE 

We see video as an example of multimedia service in this 
section. The interest of this example is that it illustrates well 
the degradations of which a multimedia service can suffer on 
an unsecured quality of service network. Indeed, the spatial 
and temporal dimensions of signal make it particularly 
sensitive to the degradations suffered in the network. Example 
of source coding: the H.264 / AVC standard the H.264 / 
MPEG-4 AVC video coding standard [11] is in line with 
standards of the MPEG family (Moving Picture Experts 
Group). This standard has been in 2003 by the joint video 
team (JVT), the joint ITU-T Standardization Organization) 
and the International Organization for Standardization (ISO 
for Standardization). The main contribution of this coding 
system is its efficiency with respect to these predecessors, 
enabling a gain in rate of 50% compared to MPEG-2 to 
constant quality [12]. However, this gain is achieved at the 
expense of increased coding complexity due in part to the high 
dependence between the images in the video. The 
dependencies thus created generate quality degradations in 
cascade when part of an image is lost. 

IV. PROPOSED WORK 

Block diagram of the proposed work is shown in Figure 1: 

 

Figure 1:Block diagram for proposed work 

According to above block diagram video data frame is 
extracted and sampled to source coding module ,where it 
further compressed with SPIHT and H.264.Once source 
coding is done then it is forwarded to forward error correction 
code module to ensure the integrity of data [13]. Based on the 
demand of information the quality of video can be adjusted. 
Keeping this theory video Quality is controlled with adaptive 
modulation, in such a way which ensure the data rate and 
performance measures like Bit error rate and outage 
probability of channels. At the receiver end the received data 

is further demodulated and decoded with REED Solomon 
decoder, H.264 and SPIHT [14]. Received final data is 
converted to video at destination. 

Here we are using H.264 (or MPEG-4 Part 10 or Advanced 
Video Coding, used by the x264 encoder) video format [15]. 
Rest of methodology is explained as follows: 

A. Video Data and Source Coding 

The H.264 / AVC coding principles: The operation of an 
H.264 / AVC encoder is shown in Figure 2. Encoding an 
image starts with its cutting into blocks of size 16 × 16 called 
macroblocks. Depending on the type of the image, the latter 
are coded in intra or inter mode. Intracoding uses only samples 
of blocks already encoded in the same image. Inter coding 
uses decoded images (Referred to as reference images) to 
obtain the best prediction of a block of the coded image. 

Then, the difference between the predicted block (intra or 
inter) and the original block is calculated and one transformed 
is applied to this residual information. The coefficients of the 
transform are then quantized and coded by an entropy coding 
algorithm. The H.264 / AVC standard proposes two entropy 
encodings: CAVLC (Context-Adaptive Variable-Length 
Coding) [16] and CABAC (Context-Based Adaptive Binary 
Arithmetic Coding) [17]. These coding have the particularity 
of adapting to the context: the code table is changed according 
to the symbols already transmitted. CABAC is more efficient 
than CAVLC but at the price of one higher computational 
complexity. In [18], tests performed on several resolutions of 
videos show that CABAC reduces the throughput of 11.1% 
compared to CAVLC for a video HD. It is also shown that the 
decoding time is almost the same for the two algorithms. 

 

Figure 2: The H.264 / AVC model 

Adapting the H.264 / AVC stream to packet networks 
H.264 / AVC has been designed to be flexible and easily 
adapted to transmission needs. Thus, the encoding system 
comprises two layers: VCL (Video Coding Layer) and NAL 
(Network Abstraction Layer. The VCL layer represents the 
core of the encoder where all the processes of entropy coding 
prediction described above. The NAL layer processes the data 
from the VCL layer for adaptation to a transport system or 
storage media. Thus, RFC 3984 [19] defines the different 
methods encapsulation of H.264 / AVC stream transport units 
in RTP (Real-time Transport Protocol). The H.264 / AVC 
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flow properties that allow it to be used effectively in wireless 
environments are described in [20].The base unit of an H.264 / 
AVC binary stream is the NAL unit that we will call NALU 
(Network Abstraction Layer Unit). An NALU contains an 
eight-bit header followed by an integer number of data bytes 
representing a slice. It may be such as a NALU VCL or not 
depending on the type of data it contains. The NALU VCL 
encapsulate data related to raw video coding while the other 
NALUs syntax elements useful for decoding the bitstream and 
displaying the decoded video. The examples of this type of 
NALU syntactic are NALU SPS (Sequence Parameter Set) 
and PPS (Picture Parameter Set) that represent the headers of 
the sequence and the influence of packet loss on quality of use 
depends on several factors, including the spatial position of 
the loss in the image. Loss usually causes greater discomfort 
when it takes place in the region of the image drawing the 
attention of the observer to outside the region.  

In the standardH.264 / AVC, the phenomenon of spread is 
accentuated by the intensive use of Intra and inter predictions. 

We propose methods of protection of video flows which 
take into account the characteristics of the video content and 
the propagation of the loss. The methodology presented in this 
chapter restricts the types of prediction that are possible in the 
region of the image so that the latter is coded exclusively in 
intra mode. The idea is to take advantage of the capabilities of 
the encoder to increase the robustness of the regions of video 
from loss of packets. An extension of this method is proposed. 
We begin the methodology with a description of the two steps 
of our approach: determination regions of interest to be 
protected and the application of the restriction algorithm of 
Prediction to the macroblocks of these regions. Then, we 
evaluate the performance of our approach analyzing the 
objective quality of a sequence and its subjective quality. We 
propose also an extension of the approach to improve its 
performance. 

B. Description of the Proposed Approach 

The method we describe in this section applies to regions 
of interest in the image.  The salient sequences of a video 
represent the evolution over time of the regions of the image 
that attracts the most attention of the average observer. Our 
goal is to apply the encoder protects the macroblocks of the 
region of interest. The video encoding is done on the base of a 
coding unit which is the macroblock (16 × 16). Since the 
eyewash data available for pixels (each pixel has a saliency 
value), it Processing at macroblock level. This is done first by 
binarizing the salient sequences by comparing the values of 
image salience to a threshold value. Only values above this 
threshold form then the region of interest of the image. A 
preliminary visualization of salience maps experiments was 
carried out to determine this empirical threshold. This same 
visualization ensure that the region of interest does not occupy 
a significant part of the image for avoid a significant 
degradation of the quality (more than 20% of the image in our 
case).Having classified the pixels of the image, we consider a 
macroblock to be of interest if at least half of its pixels have a 
value greater than the threshold. This criterion was not than 
for macroblocks located relatively far from the most 
prominent region of the image. For the most prominent 

macroblocks of the image, their pixels are therefore generally 
high enough to have values above the threshold. 

 

             (a) Image 74   (b) Image 82    (c) Image 144 

Figure 3: Salient maps (top) and corresponding macroblock maps (bottom) of 
Images 74, 82 and 144 of the Harp sequence 

C. Restrictive Prediction Algorithm 

In order to avoid the propagation of image errors in images 
related to the prediction, we propose to code all the 
macroblocks of these regions in intra mode. Thus, the regions 
of interest are independent of previous or subsequent images 
which operates as follows: for each macroblock of a B or P 
image, the algorithm checks whether or not the macroblock 
belongs to the RdI of the image. This checking is done by 
comparing the coordinates of the macroblock with those 
output from the coulometer. If the macroblock belongs to the 
RdI, its type of prediction is forced intra. In the image B or P, 
the macroblocks of gray color belong to the RdI of the image. 
The image of the left is the reference image and its lost 
macroblocks are marked with a cross. We note in this figure 
that the inter predictions concern only the macroblocks 
neighbors of the gray macroblocks which are coded in intra 
mode. Thus, the loss of macroblocks in the reference image is 
not directly reflected in the RdI of the inter-coded image. 

D. Cost of the Algorithm 

By forcing the choice of a prediction mode for 
macroblocks in the images B and P which is not necessarily 
the best, the coding efficiency decreases. Indeed, if the coding 
is made at variable bitrate, the size of the video may increase 
if a number of macroblocks is encoded in intra whereas it was 
supposed to be in inter. If the coding is done at constant rate, 
the quality of the video may decrease due to the additional 
throughput of the macroblocks encoded in Intra. This 
additional cost of flow leads to the use of higher quantization 
parameters for some macroblocks of the image to respect the 
constraint fixed rate. Hence the possibility of quality 
degradation between the coded sequence with a conventional 
coding and the coded sequence with our identical rate 
algorithm.  

E. SPIHT Algorithm 

Probably the most successful variation of the ideas of 
Shapiro was Set Partitioning in Hierarchical Trees (SPIHT). 
SPIHT is based on the concept that the wavelet coefficients 
with higher magnitudes should be transmitted first because 
they have a more information content. 
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The number of coefficients 𝜇𝑛 such that 2𝑛 ≤ |𝑐| < 2𝑛+1 
is transmitted along with this information, where c is the 
coefficient in question. This means that only the bits covered 
by the arrows in Figure 4 need to be transmitted because all 
other bits can be inferred from 𝜇𝑛. 

Although the coefficients might be ordered in terms of 
magnitude, in order to recover the image in the decoder, the 
coefficients will have to be reordered back to their original 
order. This ordering information is not transmitted explicitly, 
and instead is reconstructed based on the fact that the decoder 
duplicates the encoder’s execution path. Each decision is 
denoted by 

𝑆𝑛(𝑇) = {
1     𝑚𝑎𝑥(𝑖,𝑗)𝐸𝑇|𝑐𝑖,𝑗| ≥ 𝑧𝑛

0                        𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒
 (1) 

This indicates the importance of the coordinates in T, 
where T is a continually updated set of coefficient coordinates 
used in the algorithm. At each encoding step, the 𝑆𝑛 decision 
is output, and thedecoding algorithm looks exactly the same 
except that 𝑆𝑛 is input at each step of the way. This is what 
allows the execution path to be reconstructed and the ordering 
information inferred. 

SPIHT continually updates a set of internal buffers that 
contain coefficients that are in various stages of the algorithm. 
SPIHT was significantly better in terms of SNR than any other 
published method 

The flowchart of SPIHT is presented in Figure 4.   

 

Figure 4: The flowchart of SPIHT 

In the First step, the original image is decomposed into ten sub 
bands. Then the method finds the maximum and the iteration 
number. Second step, the method puts the DWT coefficients 
into sorting pass that finds the significance coefficients in all 
coefficients and encodes the sign of these significance 
coefficients. Third step, the significant coefficients that be 
found in sorting pass are put into the refinement pass that use 

two bits to exact the reconstruct value for closing to real value. 
The front, second and third steps are iterative, next iteration 
decreases the threshold 𝑇𝑛 = 𝑇𝑛−1/2 and the reconstructive 
value 𝑅𝑛 = 𝑅𝑛−1/2. Forth step, the encoding bits access 
entropy coding and then transmit. The result is in the form of a 
bit stream. All of the wavelet-based-image encoding 
algorithms improve the compression rate and the visual 
quality, but the wavelet-transform computation is a serious 
disadvantage of those algorithms. 

Forward Error Correction (FEC) codes represent an 
evolution of the conventional error control. It is a channel 
coding whose purpose is the protection of source data in the 
prevention of errors, corruptions and packets. They are mostly 
used if the retransmission of lost data is not due to delay 
constraints or the lack of a return channel. This protection may 
be equally distributed across all parts of the information is 
applied unevenly. In the first case, the packets receive the 
same protection rate without taking into account any 
hierarchy. In the second case, a well-defined policy 
determines the attribution from protection to symbols or 
packages, with the aim of better protecting important flows. 
The importance is determined at source, mainly in relation to 
the impact on quality the loss of such source data. 

F. Principle of corrective codes 

FEC codes add redundancy to source data to protect 
against errors of transmission. They are a good solution for 
multimedia applications because they eliminate the 
retransmission of lost packets, which are expensive in terms of 
time limit. The general principle of FEC codes is based on the 
idea that the receipt of a subset of the transmitted data must be 
sufficient to reconstruct the original message. Let k be the 
number of source symbols and n the total number of symbols 
transmitted per block. The construction of a systematic code 
allows the separation of k source symbols from (n - k) 
Redundancy symbols. The coding rate (code rate) R represents 
the fraction of information contained in each Code word. It is 
given by the following equation: 

𝑅 =
𝑘

𝑛
   (2) 

The value of R varies inversely with the redundancy rate? 
Of the code given by: 

𝜌 = 1 −
𝑘

𝑛
   (3) 

From symbol protection to packet protection correction of 
erroneous symbols requires detection beforehand, which 
reduces the ability to correct code. In a transmission context of 
symbol packets, the detection of lost symbols can be easily 
performed at the packet level. 

Indeed, the packets have identifiers contained in their 
headers which help to detect of the lost package. For example, 
for a multimedia stream transported in RTP packets, the lost 
packet is easily identifiable to the decoding using the 
Sequence Number field of the packet header. The application 
of the corrector codes at the packet level thus makes it 
possible to take full advantage of the code correction 
capability that becomes for an MDS code: 

𝑇 =  𝑛 −  𝑘   (4) 

Original Image 
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Assuming the identification of the losses, k packets among 
n are sufficient to decode. The Loss of at most (𝑛 −  𝑘) 
packets is therefore allowed. In packet mode, the use of 
corrector codes can also be done in systematic form in which 
case the source packets are not modified during the generation 
of the packets redundant. This can be useful in a scenario 
where losses do not impact packets sources or if no loss 
occurs. The decoder can thus directly use the packets sources 
without necessarily waiting for the end of the channel 
decoding and / or to concentrate the decoding only on source 
symbols if reconstruction is not possible. 

For example, the number of lost packets (two) is equal to 
the correction capability of the code Correction codes for 
multimedia content one of the popular FEC codes for 
transmitting multimedia content over channels unreliable is 
the Reed-Solomon (RS) code. 

The Raptor codes [22]: Raptor codes are complex of linear 
decoding with the number of messages to be decoded. The 
application of the Raptor codes to protection of video services 
over wireless networks was proposed in [23]. For a rate 10% 
packet loss and a 16% redundancy rate, improved 15 dB is 
noted with respect to an unprotected approach. 

G. Adaptive Modulation according to Channel State 

Information 

Generalities of adaptive modulation techniques the 
purpose of an adaptive modulation technique is to determine a 
sequence of regions [7i, 7i + i] of the state y of the channel to 
which will be associated a series of parameters which 
determine different degrees of freedom of the modulation 
technique adaptive. The choice of these regions is made in 
such a way as to maximize the spectral efficiency transmission 
medium TJ, while trying to maintain a certain quality on duty. 
For example, a value of 7 of 10 dB could indicate that at the 
transmitter, a QAM modulation combined with a 
convolutional coding having a rate 3/4 and a transmission 
power S (j) should be used. 

The figure of merit to measure the quality of service 
maintained by the adaptive link that is most commonly 
accepted is the bit error rate (BER). Depending on the context 
of the intended application by the adaptive link, an average 
BER error rate acceptable for this application is chosen as a 
design criterion. The system then tries to keep this average 
error rate during its operation. Since it is important to evaluate 
performance in terms of error rates binary, most non-coded 
adaptive modulation design methods generally attempt to 
reverse an error rate calculation function, with the aim of to 
determine which signal-to-noise ratio 7 is to be used to 
maintain this rate of constant errors. This will be done through 
a general expression square constellation of type M-QAM. 

Let us consider set of modulation in adaptive modulation 
systems, {𝑀0, 𝑀1, . . . , 𝑀𝐽}.  Depending upon the SNR (signal 

to noise ratio optimal modulation level is chosen. The 
instantaneous SNR or mean of SNR will decide the low or 
high data rate. Normally BER is less in lower order 
modulation and higher in higher order modulation.  

In particular, when the SNR value falls within the jth 

region(𝜒𝑗
∗ < 𝜒 ≤  𝜒𝑗+1

∗ ), the jth modulation level is selected 

and log2 𝑀𝑗 is the spectral efficiency or throughput. The 

throughput is defined as [bps/Hz]: 

𝜂 = ∑ �̃�𝑗Ρ{𝜒𝑗
∗ < 𝜒 ≤  𝜒𝑗+1}

𝐽−1

𝑗=0

+ �̃�𝑗Ρ{𝜒𝑗
∗ < 𝜒} 

= ∑ �̃�𝑗[𝐹𝜒(𝜒𝑗+1
∗ ) − 𝐹𝜒(𝜒𝑗)]𝐽−1

𝑗=0 + �̃�𝑗[1 − 𝐹𝜒(𝜒𝑗
∗)] (5) 

Where �̃�𝑗 = log2 𝑀𝑗 and 𝐹𝜒(𝑥) is the cumulative density 

function (CDF) of the SNR parameter𝜒.  

The bit error outage probability is given by: 

𝑃0(𝑃𝑏
∗) = Ρ{𝑃𝑏(𝜒) > 𝑃𝑏

∗} = 𝐹𝜒(𝜒0
∗) (6) 

H. Channel Estimation 

For Maximum-Likelihood estimator estimated channel 
coefficients is:   

ℎ̂𝑘 = ℎ𝑘 + 𝑒𝑘    (7) 

Where ℎ𝑘 and 𝑒𝑘 are zero-mean Gaussian processes with 

variance per dimension 𝜎ℎ
2 and 𝜎𝑒

2 =
𝑁0

2𝑁𝑝𝐸𝑝
 respectively. 

Estimated SNR is defined as: 

𝛾𝑇 = ∑ 𝛾𝑘
𝑁
𝑘=1 = ∑ |ℎ̂𝑘|

2 𝐸𝑠

𝑁0

𝑁
𝑘=1   (8) 

And its probability density function is, 

𝑓𝑧(𝜁) =
𝜁𝑁−1

�̆�𝑁Γ(𝑁)
exp [−

𝜁

�̆�
] , 𝜁 ≥ 0  (9) 

Where �̆� = 2𝜎2 = Es/N0  is the estimated mean signal-to-
noise ratio. 

Outage probability for imperfect CSI: 

𝑃0 = 𝐹𝜒(𝜒0
∗) + ∑ [𝐹𝜒(𝜒𝑗

∗) − 𝐹𝜒(𝜒𝑗
∗ − ∆𝜒)]𝐽

𝑗=1 (10) 

I. Bit Error Probability 

For M-QAM modulation BER is expressed as: 

𝑃𝑒(�̅�, 𝑁𝑝𝜀) =
1

𝑀
∑ 𝜔𝑖

(𝑎)
𝐼𝑁 (𝜁(𝑖), Φ2,

𝜋

4
)𝑖 +

1

𝑀
∑ 𝜔𝑖

(𝑏)
𝐼𝑁(𝜁(𝑖), Φ4, 0)𝑖  (11) 

Where, 

𝐼𝑁(𝜁, |𝜙, 𝜓) =
1

2𝜋
∫ ∏ (

sin2(𝜃+𝜓)𝑚

sin2(𝜃+𝜓)𝑚+𝑏𝑛𝜁
)𝑁

𝑛=1
𝜙

0
 (12) 

Where Φ𝑀𝜋(𝑀 − 1)/𝑀, and 𝑁𝑝 is the number of received 

pilot symbols. 

V. RESULTS & DISCUSSION 

This research proposes an efficient architecture of 
multimedia transmission and reception in wireless 
communication .To evaluate PSNR, MSE and VQM 
parameters are considered. The prototype has been developed 
in MATLAB and tested with video input. 
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Figure 5: Image Frame to be transmitted 

The image frame is extracted from video the 10th frame 
are proceeds through H.264 encoder and SPIHT compressor. 

 
 

Figure 6: Compressed Image by H.264 encoder and SPIHT 

 
 

Figure 7: Wireless data route discovery along with x and y axes  

 

 

Figure 8: Reconstructed image at receiver’s end 

  

 

Figure 9: Decompressed image at H.264 decoder and SPIHT 

Table 1: Calculated MSE and PSNR values for various frames 

Frame MSE PSNR (in dB) 

1 0.0154 28.67 

2 0.0184 26.33 

3 0.0123 26.44 

4 0.0192 25.20 

5 0.0223 25.88 

6 0.0145 27.19 

7 0.0243 26.62 

8 0.0145 25.67 

9 0.0154 26.34 

10 0.0145 28.99 
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Decoded Image at receiver end

Decompressed Image by H.264 Decoder
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Figure 10: The Harp sequence having lost five consecutive slices of the image 
97. From top to bottom, the images 97, 99, 105 and 116 of the version coded 

by a conventional coding (left) and by the robust coding (right) 

VQM (Video Quality Metric) is an objective quality metric 
developed by the Institute for Telecommunication Sciences 
(ITS), the engineering branch of the NTIA (National 
Telecommunications and Information Administration) to the 
US Department of Commerce. 

This metric, standardized by the ITU, has a reduced reference. 
It extracts characteristics of a degraded video sequence and its 
reference to evaluate the amplitude of degradation. VQM is 
inspired by high level phenomena of visual perception. In 
particular, it incorporates the non-linearity of the SVH 
response to different stimuli and the observer in the face of 
degradation. 

 

Figure 11: The notes of the Harp, Canoe and Formula 1 sequences provided 
by VQM for the three coding schemes. 

 

The results of the evaluation are presented in Figure 11. As a 
first observation, we can say that the initial quality of the 
coded sequences is very good since the distortion scores are 
all less than 0.12 (which corresponds to an MOS greater than 
4). The variations in quality between the different versions of 
a sequence are minimal for the Harp and Formula 1 sequences. 
This variation, although remarkable in the case of the Canoe 
sequence, is not significant because it is at the top of the 
quality scale where the variations do not greatly influence the 
judgment of an observer. 

VI. CONCLUSION  

A prototype of wireless communication has been developed 
and evaluated with PSNR, MSE and VQM.A adaptive 
modulation technique is applied to justify the communication 
overhead according to the need of video quality .We also 
proposed a perceptual approach to improving the robustness of 
video streams against packet loss. This approach considers 
two aspects of the packet loss: the spatial position of the 
degradations in the image and the spatiotemporal propagation 
generated. The improvement of the robustness of the video is 
thus achieved by attenuating the degradations in the 
perceptually important regions of the image. Simulation 
results shows that our proposed scheme achieves maximum 
PSNR of 28.99 dB for tenth frame obtained MSE achieved is 
0.0145. Our algorithm of attenuation of the spatio-temporal 
propagation of the degradations consisted of coding the RdI of 
the images B and P in intra mode. A first performance 
evaluation showed that the proposed algorithm stops the 
temporal propagation in the RdI but is not effective against the 
spatial propagation of the degradations. 
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