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 While streaming multimedia content using a mobile phone, it is found that the 

bandwidth available is usually not sufficient. Inorder to utilize the available bandwidth 

efficiently, the processing power of the cloud is used. In doing so, it becomes necessary 
to predict the available bandwidth. Hence in this paper, a prediction technique known 

as Bayesian-Gaussian approach is proposed. This approach provides an average of 94% 

accuracy which is comparatively higher than the accuracy provided by the Bayesian 
predictor. The predicted bandwidth is then used to schedule the videos to be transcoded. 

The videos are transmitted to the mobile node using multi-path and multi-hop 

technique. The proposed method yields good results and improves the overall 
performance of the system as well as reduces the latency. A detailed account of the 

results obtained is provided. 
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INTRODUCTION 

 

 In recent years, mobility of computing devices has caught the fascination and attention of many users all over 

the world. This has led to rapid advancement in mobile technology and now users can easily stream high quality 

multimedia content like audio and video on the go. A huge limitation to this, however, is the loss of quality that is 

incurred while transferring the data. Due to the mobile nature of the devices, varying signal strength can lead to 

packet loss which ultimately leads to the reduction in the quality of service (QoS). In addition, the memory 

available in mobile devices is relatively low. To overcome these constraints, data is stored and retrieved from a 

cloud. 

 Cloud computing addresses the QoS related issues and reliability problems. The cloud has a large amount of 

storage space and computation power. Harnessing the power of the cloud, it will be possible to service the needs 

of multiple mobile clients simultaneously. Using the cloud, it is possible to allocate resources on demand and 

reallocate them dynamically. In order to stream data from a cloud to a mobile device, a coding and decoding 

architecture like H264/SVC is necessary. 

 This architecture is an extension of the H.264/AVC. It ensures that the same quality of video that can be 

obtained using H.264/MPEG-4 AVC design on the mobile device. It employs spatial scalability and temporal 

scalability. According to spatial scalability samples of high quality data can be predicted from their decoded low 

quality counterparts. Using temporal scalability, the entire video is modeled in such a way that the motion is 

encoded as dependencies so that the picture for subsequent frames need not be encoded directly. 

 In order to boost QoS, a technique called Bayesian-Gaussian method is used to predict the bandwidth 

available to the mobile user. Once the bandwidth has been predicted, the data is encoded using transcoding 

algorithm. To finally stream the video, multipath routing protocols are used and ranks are provided to each node 

to ensure that none of them have to wait indefinitely to be serviced. Following this, a comparison is made to the 

existing Bayesian technique proposed by keshav(Keshav,1991). 

 The rest of the paper is organized as follows which introduces the related work in Section II, and explains 

the proposed architecture in Section III. The Result and evaluation of the implementation are discussed in 

Section IV, and conclusion of the paper in Section V. 
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Related work: 

A. Mobile Cloud Computing and Streaming Content: 

 Mobile phones are typical multimedia devices that support multimedia application services. It faces many 

resource challenges such as battery life, storage, and bandwidth. This makes MCC the future of mobile 

computing (Keshav,1991). A mobile cloud computing setup is one in which mobile devices outsource the 

computational power of the cloud. Data storage and processing are both performed outside the mobile device. 

The mobile cloud access architecture detailed by (Mohiuddin et al., 2012) establishes a request-response setup. 

The device must send a service request which is processed by the cloud and the appropriate response is sent. 

Mobile users expect more intensive applications on Smart Mobile Device (SMDs). Despite its advancement in 

recent years, SMDs still have low potential in their computational services because of their memory, CPU 

potentials and the life time of their batteries. Mobile Cloud Computing (MCC) is the solution for alleviating the 

above problem by extending the services and resources of clouds to SMDs on demand. A review of Distributed 

Application Frameworks (DAPFS) for SMDs in MCC (Mohiuddin et al., 2012) domain highlights the issues and 

challenges that exist in developing, implementing and executing the computational mobile applications within 

MCC domain. 

 Advances and challenges in human-centric mobile multimedia cloud computing approaches have been 

discussed in that impose challenges for the networks and humans. 

 A scalable and efficient video adoption for mobile devices is attained by means of prediction based 

scheduling algorithm that optimizes latency requirement and cloud utility cost for the mobile clients for a 

prototype system that is based on Windows Azure. 

 Various techniques exist for streaming data from clouds. Compressing high quality video in the mobile 

devices is a very challenging task. (Burza, et al., 2007) divides the frames into the important frames (I and P) 

and the less important frame (B). When the bandwidth drops, P frames are transmitted while B frames are held 

back. 

 

B. Role of Cache in Real Time Streaming: 

 The role of the cache has been outlined by (Wu et al., 2005). When a Real Time Streaming Protocol (RTSP) 

request is sent by a machine, the cache memory is initially searched. In case a cache miss occurs, the original 

server services the request. 

 (Victor.K.Y.Wu) has put forth an approach that generalizes the “cache hit”, where the user starts the 

streaming of the video from the internet when it is not available in the cache. Feature vectors from the incoming 

bit stream are compared with the real time feature vectors of the cached videos thus saving valuable resources.  

 

C. Improving Quality of Service: 

 A number of different approaches have been proposed in order to ensure that the quality of service is 

maximized. One such method presented by (Wang et al .,2013) uses a technique that varies the complexity of 

the content depending on the network. Non-essential data in a scene are omitted to accomplish this. 

 (Lai et al.,2013) have also put forth an approach to data streaming that depends on the network. Prediction of 

the bandwidth is done based on measured historical data. This will help to prevent the wastage of bandwidth. It 

is also noted that the video format to be used is to be chosen. This is performed by a Bayesian prediction 

module. 

 The issues related to the switch time, total migration time and data transferred have been studied in (An and 

Nguyen Thuy, et al., 2012).  

 Bandwidth drops when a mobile user travels from strong signal area to weak signal area that tends to cause 

the Qos problems for streaming of the video over the mobile network. Issues related to the bandwidth drop have 

been studied. 

 Due to advancements in smart mobile devices, they are starting to replace the computers as the most 

commonly used web access devices. This makes a serious impact on the multimedia streaming applications. By 

continuous monitoring of the remaining battery level, remaining duration of the video stream, the Qos gets 

improved and that has been studied in (Amanda Pert et.al., 2013). 

 

D. Scheduling: 

 Martin Kennedy et.al., (2010) has proposed a novel approach in which all the competing mobile devices 

work together to minimize congestion. This approach aims to strike a balance between reducing the distortion in 

data and increasing the performance of the network as a whole. The various approaches mentioned in the 

previous section discuss improving QoS with respect to one user. But in reality, the cloud is simultaneously 

accessed by more than just one user. For this reason, it is important to ensure that there is some scheduling 

mechanism in place that will monitor the incoming requests so that no client request is forced to wait for too 

long without being serviced. 
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 The various related works are discussed to communicate the Mobile Cloud Computing and Streaming 

process and the role of cache being happened in real time streaming. Different approaches have been discussed 

for improving the quality of service like bandwidth, latency etc. in mobile cloud computing. 

 

Proposed system: 

 The proposed model has two major components: the mobile device and the cloud. The mobile device simply 

issues the request while the cloud provides a rank, predicts the bandwidth and then streams the video 

accordingly. The architecture has been outlined in Fig.1. The communication between the cloud and the mobile 

device as well as in depth look at the working of the various components has been detailed in the following 

sections. Initially, an outline of the functions performed by the cloud and the mobile device are presented. 

Following this, the algorithm used for bandwidth prediction and ranking are explained and finally, the various 

steps taken to ensure that the performance parameters are maximized are briefly considered. 

 

A. Mobile Device: 

 The implementation of the mobile portion of the architecture is fairly straight forward. The user is provided 

with the option to specify the location of the video in the cloud server. Then, the cache is checked to see if the 

requested data is available. If it is, the data is transferred directly from the cache. This type of cached data will 

be accessible offline as well. In the case where a cache miss occurs, the server is accessed to retrieve the data. 

 In case the video is being downloaded from the cloud, it is important to ensure that there is no degradation in 

the quality of the video. To achieve this, the best possible channel is assigned. The mobile client collects the 

current status of the mobile such as battery power, signal strength, mobile type abd the allocated bandwidth. 

These status are continuously monitored by the mobile adaptive controller. Then the In addition to this, steps are 

taken to boost the performance of the network as a whole. This can be done using the profile information of the 

nodes that is available for all the nodes in the network. To better the odds, multipath routing techniques are also 

employed. 

  

 
 

Fig. 1: Architecture of Proposed model. 

 

B. The Cloud: 

 The videos that are to be stream are stored in a separate database. When a request is made, the video is 

streamed using the cloud. In order to do this, three major modules are implemented in the cloud. In the cloud, 

the users are ranked based on its bandwidth requirement. The purpose of ranking is to determine the order in 

which incoming requests are serviced. Then the bandwidth available for transmission is estimated. Finally, 

transcoding is used to encode the data so that the video can be streamed without too much lag and the encoded 

data is transferred to the mobile device for viewing. Each of these operations and the various complexities that 

arise are handled by a different module. 

 

C. Bandwidth Prediction: 

 The most important portion of the system is the bandwidth prediction. This is because links in a mobile 

network are always changing and the mobility of devices which results in a fluctuation of bandwidth. The 

bandwidth is predicted using a Bayesian-Gaussian approach in contrast to the Bayesian approach used by Lai et 
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al[7]. At the heart of any Bayesian approach lies the mathematical concept of conditional probability. The 

conditional probability that an event B depends on another event A is given by 

               (1) 

 Similarly, in the problem at hand, we find that the predicted bandwidth (Bwpred) given the actual bandwidth 

(Bwactual) measured at some previous instant of time can be written as 

            (2) 

 The value of Bwpred with the highest probability value is selected and is denoted as BwBayesian in further 

calculations. Calculating the conditional probability of all possible values is not feasible or even practically 

possible. It is necessary to find a way to select a set that is guaranteed to contain the optimal value of bandwidth. 

This range is found to be 

          (3) 

 In the above equation Bwpred corresponds to the range of values that were determined in the previous time 

instance. Avg denotes that the average of the values in the set is to be calculated and Std denotes that the 

standard deviation of the set is to be calculated. The value of d corresponds to the coefficient of the calculated 

standard deviation. 

              (4) 

 δ in this case is an improvement factor. The best value for this has been calculated using a Gaussian 

distribution function which is defined as 

               (5) 

 The Gaussian distribution works in this case, as the set of values that the bandwidth can take is continuous. 

The value of this improvement factor is calculated experimentally and the corresponding probability is 

determined. The value of δ that works better than the others consistently is selected. 

 It is to be noted that the selection criteria used is optimistic. As a result, it is possible that the actual 

available bandwidth is lower. If we predict a higher bandwidth than that which is available, the video will lag 

which is exactly what the system aims to reduce. So, it is assumed that only 80% of the predicted bandwidth 

will be actually available. 

 

D. Scheduling: 

 Once the bandwidth of the video to be streamed has been determined, the video has to be transcoded. The 

incoming requests may be large in number while we have only one transcoder unit in the cloud. For this reason, 

it is necessary to employ some scheduling technique to ensure that requests are serviced in a timely fashion. The 

technique used here is the bandwidth based scheduling tree. To implement this, as the bandwidths are predicted, 

they are inserted into a tree and indexed. The nodes of the tree are modified in such a way that it can store two 

additional fields: number of videos, N and timer, T. The number of videos field is used to determine how many 

videos are to be transcoded to the same bandwidth while the timer is initiated to 10 and is decremented each 

time a video is selected for transcoding. Normally, the video with the highest will be chosen but if a node is 

found whose timer has reached 0, then the corresponding video should be serviced first. 

             (6) 

 This process is can be explained by the bandwidth based scheduling algorithm outlined below. A 

description of the variables used is available in Table 1. 

 

Procedure new Video: 

Step 1: If the tree is not being accessed by another process block all other processes from accessing the tree 

using £FP. If the tree is in fact busy, indicate that the module must be alerted when the tree becomes free 

Step 2: Start with the root and find the £NODE corresponding to the selected bandwidth 

(1) If the node already exists, update N and T 

(2) Otherwise create a new node with appropriate values of N and T 

Step 3: Indicate the module has completed manipulating the tree and transfer the control if indicated by 

£ALERT 
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Procedure find Next Video: 

Step 1: If the tree is not being accessed by other modules, block all other processes from accessing the tree using 

£FT. If the tree is in fact busy, indicate that the module must be alerted when the tree becomes free.  

  Step 2: Start with the root node and look for the £NODE corresponding to the selected bandwidth. 

  Step 3: Delete the £NODE and update the T of all other nodes.      

  Step 4: Transcode video Bw corresponding to the deleted node.       

Step 5: Indicate that the module has completed manipulating the tree and transfer control if indicated by 

£ALERT      

 
Table I: Scheduling algorithm. 

Variable Description 

£FT Transcoder flag 

£FP Predictor flag 

£ALERT Alert the other module 

£NODE A node of the tree containing a key value (bandwidth), number of videos and timer 

N Number of videos 

T Timer 

videoBw Video corresponding to bandwidth Bw 

 

 The two flags £FT and £FP are used to indicate the state of the transcoder and predictor respectively. A 

setting of 0 indicates that the corresponding module is not accessing the tree. An £ALERT field is also used. It 

is set when a module wishes to access the tree but finds that it is already being accessed by the other module. 

This ensures that the actions performed on the tree are never illegal. 

 The implementation of the two modules is fairly simple as one module essential performs an insertion 

operation while the other performs a deletion operation. Additional overhead is incurred in the fact that the other 

nodes in the tree are to be update. A simple traversal of the tree can be used to perform this action. Using a tree 

to keep track of the incoming videos ensure that the time to either add a video or selecting one for transcoding 

can be completed in O(log n) time. 

 In a more complex system, additional information about the video can be maintained such as the requesting 

node, size of the video. If required, the selection criterion can be modified to include other such parameters as 

well. But storing additional information in the node increases the size. As long as the number of incoming 

requests isn’t much larger than the rate at which the transcoder can dispatch videos, the increase in size is not an 

issue as the module is implemented in a cloud environment. 

 

E. Transcoding: 

 Video transcoding is the process of converting a compressed signal to a different format. In general, we find 

that the mobile nodes in any given network are varied in nature and the same can be said about the underlying 

network as well. Despite this, it is still necessary to provide internetworking between the nodes of these different 

networks, thus necessitating the process of transcoding. 

 In the case of real time video coding, the parameter can be adjusted for the encoding process. The various 

handheld devices such as the mobile phone and the tablet that are popular these days have limited display 

capabilities and computing making it unsuitable for high quality video decoding and display. When a video is to 

be streamed to such devices, it must be converted to a lower quality video. There are a number of video 

compressions standards such as H.261, H.263, MPEG-1, MPEG-2, MPEG-4 that the video can be converted to. 

The device that performs such type of transcoding process is called the video transcoder. The transcoder used in 

this system has a H.264/SVC format. 

 The video transcoder can perform different kinds of operations and functions. It is generally used if the 

bandwidth of the particular video fluctuates due to some changes or when congestion occurs. It provides fine 

adjustments and dynamic adjustments in the bit rate of the video bit stream by making changes to the coding 

parameters such as adjusting the spatial and temporal resolution of the compressed video content. But in this 

system, the transcoder’s primary function is to reduce the quality of the video to make it possible to stream the 

video without appreciable lag. 

 

F. Channel Assignment: 

 Once the process of transcoding is complete, the video is ready to be streamed. It is necessary to choose the 

best path available to transmit the video. This path may either be a single or multi hop path. The nature of the 

network dictates the number of hops in a path. In order to ensure reduced congestion and packet loss, the frames 

are sent via different paths. It is also important that the link state of every link in the network is known. 

Whenever a link fails or a new link is added, it is immediately updated and the details of the new node are 

entered in the user profile. The user profile must be kept up to date at all times. If a frame is lost in transmission, 

it is retransmitted via one of the other identified paths. 
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 If l is a link from the set of all links L and rl
in

 and rl
out

 are the rates of the incoming and outgoing links 

respectively, then the best channel for transmission can be determined by solving the linear programming 

equation 

Min                                                      (7) 

 

G. Performace Improvement: 

 It is not sufficient to transfer the video via the best available path. It is important to boost the performance 

of the individual nodes of the network and the network as a whole as well. To ensure this the adaptive spatial 

resolution algorithm is used. The various symbols used are explained in Table 2. 

 
Table 2: Symbols with Abbreviations. 

Symbols Abbreviations 

£MAX Maximum Quality 

£MIN Minimum Quality 

ΔAQ Change in aggregate Quality 

ΔABW Change in aggregate Bandwidth cost 

µ UpQLimit 

ΔPQ Potential impact on individual Quality 

£UP Cost of upgrade 

 

 The steps in this algorithm are outlined below. 

Step 1: Using device capability information, determine £MAX and minimum quality requirement £MIN. 

Step 2: If the network has not been overloaded, determine ΔAQ and ΔABW 

Step 3: Check for the following criteria:  

(1) The change in quality is significant and over a set threshold (µ)  

(2) The aggregate bandwidth is within the available bandwidth. If both cases hold, update the profiles for each 

device and repeat Step 2, considering additional network wide upgrades. 

Step 4: Network-wide upgrades no longer possible, check if it is possible to improve the quality satisfaction of 

individual nodes.  

Step 5: Select an individual node (j) based on weights if bandwidth is available and calculate ΔPQ and £UP. 

Step 6: If the upgrade is possible, upgrade the scalability and  

 repeat until it’s not possible to upgrade. 

 The various symbols used are explained in Table 2. 

 The bandwidth cost for the video streaming has been calculated based on the following factors, 

1. The duration of the video stream.(µ).  

2. The number of remote viewers viewing it simultaneously (N)  

3. The quality of the stream (in kb/s) (β) 

 

Results: 

 The proposed system has been implemented and its results have been compared with the Bayesian 

technique. It can be seen that the proposed system works better than the Bayesian prediction system 

consistently. Comparative studies have been undertaken on the basis of bandwidth and peak signal to noise ratio 

(PSNR). 

 

 
 

Fig. 2: Bandwidth Comparison. 
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A. Bandwidth: 

 The predicted bandwidth is calculated as detailed earlier. While comparing the bandwidth predicted by the 

proposed system and the Bayesian estimator, it can be seen that the proposed system provides a result that is 

much closer to the actual measured bandwidth. The graph in Fig.2 clearly shows the deviation of both 

techniques from the actual measured bandwidth. 

 The quality of the video streamed can be determined based on the bit rate as well as the Peak Signal to 

Noise Ratio, PSNR. The value of PSNR is calculated using the classical equation 

             (8) 

 where MSE is the mean squared error. The proposed system performs better than the Bayesian system on 

both counts. This is shown in the graph in Fig.3. 

 

 
 

Fig. 3: PSNR Comparison. 

 

C. Video Quality: 

 The comparative study only shows us how the system works in comparison to the existing Bayesian 

predictor. To determine the effectiveness of this system, a detailed study of the video quality was performed and 

has been summarized. The PSNR values have been tabulated along the Y, U and V components along with the 

type of frame transmitted. The Y component denotes the luminance while U and V components denote the 

chrominance. 

 The type field indicates the whether the frame is of I, B or P type. An I frame is one that does not require 

the help of any other frames to be decoded. The P and B type frames require information for previous frames 

and both previous and forward frames for decoding. The Y, U and V components dictate the color quality of the 

video.  

 

D. Accuracy: 

 Based on the bandwidth predicted, the accuracy of this technique is evaluated. It is seen that the accuracy of 

the Bayesian-Gaussian technique is higher than the Bayesian technique. The existing Bayesian approach 

provides with an accuracy of 89% on an average while the proposed Bayesian Gaussian approach provides with 

an accuracy of 94% on an average. The accuracy of the bandwidth predicted for each video by the Bayesian and 

Bayesian Gaussian technique are compared and shown in Fig.4. The accuracy of the Bayesian Gaussian 

technique is higher than that of the Bayesian technique. The accuracy has been calculated as  

            (9) 

 

 
Fig. 4: Accuracy. 
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Conclusion: 

 A new approach to predict the bandwidth for streaming videos that are present in a cloud from a mobile 

node has been proposed. A Bayesian-Gaussian distribution approach is used to predict the bandwidth and to 

improve the quality of the video. It is clear from the studies undertaken that the proposed Bayesian-Gaussian 

technique works well for predicting the available bandwidth. The transcoding also ensures that quality of the 

video. Thus, using a mobile cloud it is possible to stream videos without the loss of quality and buffering. The 

future direction of the proposed work is to support device prioritization and incorporate monitored channel 

conditions experienced by the devices. 
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