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Multimedia transmission over cloud infrastructure is a hot research topic 

worldwide. It is very strongly related to video streaming, VoIP, mobile 

networks, and computer networks. The goal is a reliable integration of 

telephony, video and audio transmission, computing and broadband 

transmission based on cloud computing. One right approach to pave the way 

for mobile multimedia and cloud computing is Multiple Description Coding 

(MDC), i.e. the solution would be: TCP/IP and similar protocols to be used 

for transmission of text files, and Multiple Description Coding “Send and 

Forget” algorithm to be used as transmission method for Multimedia over the 

cloud. Multiple Description Coding would improve the Quality of Service 

and would provide new service of rate adaptive streaming. This paper 

presents a new approach for improving the quality of multimedia and other 

services in the cloud, by using Multiple Description Coding (MDC). Firsty 

MDC Send and Forget Algorithm is compared with the existing protocols 

such as TCP/IP, UDP, RTP, etc. Then the Achievable Rate Region for MDC 

system is evaluated. Finally, a new subset of Quality of Service that 

considers the blocking in multi-terminal multimedia network and fidelity 

losses is considered.  
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1. INTRODUCTION 

Together with the explosive and rapid growth of Internet, mobile networks, mobile applications, and 

cloud computing, mobile cloud computing is introduced as a potential technology for mobile devices. As 

mobile network infrastructures continuously improve, their data transmission becomes increasingly available 

and affordable, and thus they are becoming popular clients to consume any internet web-based applications. 

The “cloud” in cloud computing is defined as the set of hardware, networks, storage, services, and 

interfaces that combine to deliver aspects of computing as a service. Cloud computing provides delivery of 

services, storage, software and processing capacity over internet, reducing cost, increasing, automating 

systems, decoupling of service delivery from underlying technology, and providing flexibility and mobility 

of information. It provides computing utilities and resources that can be leased and released by the customers 

through the Internet in an on-demand fashion [1], [2]. 

On the other hand Mobile Cloud Computing (MCC) refers to an infrastructure where both the data 

storage and the data processing happen outside of the mobile device. Mobile cloud applications move the 

computing power and data storage away from mobile phones and into the cloud, bringing applications and 
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mobile computing to not just smartphone users but a much broader range of mobile subscribers. Mobile 

Cloud Computing (MCC) integrates the cloud computing into the mobile environment and overcomes the 

obstacles related to the performance (battery life, storage, and bandwidth), environment (heterogeneity, 

scalability and availability), and security (reliability and privacy) [3], [4]. 

A General Mobile Cloud Computing Model that is made up of complex network and relationships 

of and in between Infrastructure Providers, Application/Services Providers, End-Users and Developers all 

producing and/or consuming applications and/or services on internet is given in [5]. In such a network model 

different Cloud Computing consumers have different Quality of Service (QoS) requirements of applications 

against a service provider’s capabilities and usage terms [6]. For future Internet, QoS-aware broadband 

multimedia applications provided by cloud computing and contents delivery services are expected to be the 

major traffic generator and consumer. 

As a result automated negotiation is needed to accommodate different consumer’s QoS 

requirements. The result of such a negotiation is a Service Level Agreement (SLA), an electronic contract 

that establishes all relevant aspects of the service. The SLA contains the QoS requirements of Applications 

hosted by a cloud based computing platform, such as timeliness, scalability, response-time, throughput, 

failure probability, and dependability (availability, security, safety, reliability, etc.). The SLA guarantees the 

corresponding QoS during the applications execution, especially important for sensitive and critical 

applications. The QoS aspects in a network are influenced by a large number of factors such as: Channel 

conditions, resource allocation policies, available resources, delay sensitive/insensitive traffic. Therefore an 

adaptive QoS resource reservation management algorithm is needed to exist in the network.  

One possible solution to serve all the users that have different bandwidth requirements for video 

streaming over multicast heterogeneous networks is the server to transcode the stream to each of the user 

bandwidths [7], [8]. However this is neither efficient nor feasible solution. Another approach is to encode the 

video into a number of streams of different bit rates that users join to best match their bandwidth 

requirements [7], [8]. However, because of the wide range of bandwidth requirements, and limited number of 

video streams, this would result many receivers to get a stream substantially lower than their bandwidth 

requirements.   

A much better approach to address the heterogeneity issue is to use Multiple Description Coding 

(MDC), where the video source is encoded into multiple independent descriptions with different bandwidths 

[9] – [12]. A receiver, depending on its available bandwidth joins different descriptions to meet its bandwidth 

requirements. Additionally when the source data is splitted into several descriptors, and like that the encoded 

streams are being transmitted over several channels, each channel would encounter alsmost flat fading and 

the probability of receiving some information from at least one channel is greatly increased with the price of 

increased overhead [13], [14] 

MDC is an adequate approach for providing rate-adaptive streaming, where the content providers 

can send all the descriptions of a stream without having to think about the receiver limitations. Receivers that 

don’t have the possibility to sustain a certain data rate, they can only subscribe to a subset of the multiple 

descriptions. This relieves the sender from sending streams with different rates to different receivers. 

Multiple Description Coding (MDC) system is an efficient and reliable communication system 

aiming to improve QoS (Quality of Service) by breaking a message into more distorted replicas, which 

together contain enough information to reconstruct the original message. A low fidelity reproduction can be 

obtained if only one channel is intact.  

Some of the possible applications can be in the field of mobile multimedia, cellular networks and 

cloud computing in general. Particularly for cellular and mobile networsk MDC will grant different number 

of descriptors to mobile devices that have different device grades (battery power, and maximum data rate 

being supported) [13]. More descriptors will be granted to the mobile devices that have higher device grades 

or capabilities. The quality of received packets increases as the number of granted descriptors increases.  The 

ultimate goal is a reliable integration between telephony, video and audio transmission computing and 

broadband transmission based on mobile cloud computing. 

This paper proposes how the Quality of Service for Mobile Cloud Computing can be improved by 

using Multiple Description Coding. This paper determines the bound for the achievable rate region for 

Multiple Description Coding systems and presents a new approach for improving the quality of multimedia 

and other services in the cloud. Furthermore, it introduces a new subset of Quality of Service that takes into 

account the issues of blocking in multi terminal multimedia network and fidelity losses.  

This paper is organized as follows. Section 2 presents the related work. Section 3 explains the 

advantages of Multiple Description Coding “Send and Forget” Method versus existing classical techniques 

TCP/IP, UDP and RTP. Section 4 focues on Achievable Rate Region (ARR) for MDC Systems. Section 5 

defines a potentially new approach of Quality of Service that can be used in Cloud Computing. Finally 

Section 6 concludes the paper, and presents the future work. 
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2. RELATED WORK 

Recently, with the popularization and promotion of the Internet, mobile smartphone devices cloud 

computing and mobile cloud computing, there is an inevitably high demand to transmit image and video at 

real time in packet-switching networks and narrowband networks. The low computing and processing power 

of mobile and wireless devices, and the increasingly serious congestion problem in wireless communication 

networks and the Internet, along with the growing complexity of heterogeneity in networks, and the 

introduction of Cloud Computing and Mobile Cloud Computing have brought many challenges to the 

traditional video image coding. 

At the moment, the vast majority of state-of-the art codecs uses Single Description (SD) video 

coding [15] – [22]. However these SD video coding relies on the traditional TCP/IP protocol, where the 

system quality seriously declines when the network packet loss is serious. Additionally, excessive Automatic 

Repeat-reQuests (ARQs) will cause excessive delay, and strong Forward Error Correction (FEC) will also 

bring additional delay because of its complexity, seriously affecting the real-time play of the video [16]. 

Therefore, the traditional TCP/IP protocol and the existing coding methods are not efficient for 

transmission of image and multimedia streaming applications. In order to provide high-quality video services 

to the users in wireless mobile terminals, it is necessary to overcome the low operational ability in the 

terminal and the problem caused by unreliable transmission in the existing network. Therefore it is necessary 

to design video coding that has low coding complexity and strong error resilient ability. One possible 

solution of this issue could be a full separation of the traffic: TCP/IP, or similar protocol for transmission of 

text files, and Multiple Description Coding (MDC) for Multimedia communication. 

Multiple description coding (MDC) is a Source Coding technique that fragments a single media 

stream into a few sub-streams referred to as descriptions [9] – [12]. The packets of each description are 

routed over multiple, disjoint paths. In order to decode the media stream, any description can be used. 

However, the quality improves with the number of descriptions received in parallel. The idea of MDC is to 

provide “Send and Forget” method, improve error resilience to multimedia streams and improve Quality of 

Service. 

Besides increased fault tolerance, MDC allows for rate-adaptive streaming: Content providers send 

all descriptions of a stream without paying attention to the download limitations of clients. Receivers that 

can't sustain the data rate only subscribe to a subset of these streams, thus freeing the content provider from 

sending additional streams at lower data rates.  

Historically, the theory of lossy source coding emerged from the theory of lossless source coding 

based on Asymptotic Equipartition Property (AEP) or Shannon McMillan Breiman Theorem [23] – [26]. 
This theorem states the general property of the output samples of a stochastic source and it is the basis of 

Information Theory. In 1990 Ornstein and Shields [27] proposed an algorithm that converges to Shannon 

capacity known as Rate Distortion Function. However this algorithm assumes apriori knowledge of source 

distribution.  

Later Sadeh proposed a generalized universal coding algorithm (Sadeh Algorithm) based on  Wiener 

Ziv and Orstein and Shield’s Algorithms. Sadeh Algorithm  does not require knowledge of source 

distribution [28] – [31]. He has also shown the asymptotic expansion of the Rate Distortion Bound, with a 

large tolerable error probability, by using Large Deviation Theory. This methods can be applied in Multiple 

Descpription Coding to determine the asymptotic expansion of the bounds of real algorithms.  

Many research papers studied MDC in the context of source coding [32] – [37]. An inner bound on 

the achievable-rate region was developed in [33] and tightness for some special cases in [36]. The present 

work goes into this direction. 

To this purpose, the work of Sadeh established the Achievable Rate Region of Multiple Description 

Coding [29]. The exact relations between rates and distortions in all cases are given in that work. Before 

Sadeh work there were known only inner and outer bounds for the Achievable Rate Region.  

Despite the aforementioned advantages of MDC, SD codecs for multimedia communications still 

dominate in industry. However the cloud computing and next generation of mobile networks are the 

technologies provide a very good area for application of Real-Time Multiple Description Coding, since it is 

clear that the old protocols such as TCP/IP do not fit. Mobile multimedia and cloud computing provide a very 

good area for application of Real-Time Multiple description coding. 

 

 

3. MULTIPLE DESCRIPTION CODING “SEND AND FORGET” METHOD VERSUS 

CLASSICAL TECHNIQUES 

One of the important and innovative techniques in data transmission is Multiple Description Coding 

or MDC [9] – [12]. It is a source coding technique that partitions the stream into n substreams (n ≥ 2). These 

substreams are often referred to as descriptions. The packets of each description are routed over multiple, 
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(partially) disjoint paths. In order to decode the media stream, any description can be used, however, the 

quality improves with the number of descriptions received in parallel. Using this approach, certain flexibility 

can be obtained in recovering from possible errors in transmission. 

Since an arbitrary subset of descriptions can be used to decode the original stream, network 

congestion or packet loss which are common in best-effort networks such as the Internet will not interrupt the 

stream but only cause a (temporary) loss of quality. 

Multiple Description Coding [9] – [12] is an adequate approach for providing rate-adaptive 

streaming: content providers can send all the descriptions of a stream without having to think about the 

receiver limitations. Receivers that don’t have the possibility to sustain a certain data rate, can only subscribe 

to a subset of the multiple descriptions. This relieves the sender from sending streams with different rates to 

different receivers. 

Multiple Description Coding is much superior than the existing network transmission technologies, 

such as TCP/IP, UDP and RTP, with regard to with regard to: packet loss, delay, jitter, blocking probability 

or consistence, bit/packet error rate probability, costs, network congestion. 

In the TCP/IP protocol, widely used in computer networks, packet loss is a normal event [38]. When 

a packet loss occurs, the TCP/IP protocol sends extra packets that repeat the information lost, multiplying the 

data rate sent. In the best case, this effort causes an important delay in the transmission, while very often it 

pushes the entire network into a ’congestion collapse’, where an important part of the packets is lost. This 

causes a degradation of the network throughput. 

With the solution proposed in this work, the delay caused by packet re-transmission is reduced to 

zero. ”Send and forget” method over two parallel channels performs better than TCP/IP, with regard to 

packet loss, network congestion and delay. Though, the TCP/IP protocol is considered improper for real-time 

applications such as VoIP, streaming, video-conferencing, etc. For such applications, protocols like the Real-

time Transport Protocol (RTP) running over the User Datagram Protocol (UDP) are usually recommended 

instead [25]. 

UDP provides a procedure for application programs to send messages to other programs with a 

limited number of protocol mechanisms. The protocol is transaction oriented, and delivery and duplicate 

protection are not guaranteed. It has no handshaking dialogues, and thus exposes any unreliability of the 

underlying network protocol to the user’s program. As it assumes IP as the underlying protocol, there is no 

guarantee of delivery, ordering or duplicate protection [38]. 

In situations in which error checking and correction is either not necessary or performed in the 

application, UDP can be a good choice, because it avoids the overhead of processing at network interface 

level. Time-sensitive applications often use UDP because dropping packets is preferable to waiting for 

delayed packets, which may not be an option in a real-time system. 

Real-time multimedia streaming applications require timely delivery of information and can tolerate 

some packet loss to achieve this goal. For example, loss of a packet in audio application may result in loss of 

a fraction of a second of audio data, which can be made unnoticeable with suitable error concealment 

algorithms. 

An important protocol that defines a standardized format for sending video and audio over IP 

networks is the Real time Transport Protocol (RTP). The majority of the RTP implementations are built on 

the User Datagram Protocol [38]. RTP is designed for end-to-end, real-time, transfer of stream data. The 

protocol provides facility for jitter compensation and detection of out of sequence arrival in data, that are 

common during transmissions on an IP network. RTP is regarded as the primary standard for audio/video 

transport in IP networks. 

However, the User Datagram Protocol, and as a consequence the RTP protocol, suffer from possible 

blocking of the transmission, packet loss, bit/packet errors. In addition, there might be a significant variation 

in delay or jitter, which is the most frustrating parameter for certain devices. With the proposed approach, the 

average delay will be reduced and, as a consequence, relevant reduction of jitter is expected. These are 

closely related to QoS. 

Sending the message through two (possibly) independent channels is an application of the general 

idea of Multiple Description Coding (MDC) [9] – [12]. Pushing a signal through two parallel channels can 

only reduce the bit/packet-error rate probability. Even if one of the channels emits a faulty bit/packet, the 

receiver can still use the bit/packet emitted by the other channel to reconstruct the correct signal. In this case 

an error detection code can be used to detect the errors, if any, and eventually switch to the correctly 

transmitted bit/packet. 

The approach here proposed in this paper reduces the blocking probability in communication 

network, and under certain conditions it can be very low. Transmitting the signal through a channel pair, 

significantly reduces the costs of the physical mean of communication, because now the signal transmission 

can be with channels of lower capacity. 
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For all these reasons, this approach can be considered a very promising technique for use in 

information networks that support real-time applications such as video streaming, VoIP, mobile telephony, 

and particularly Cloud Computing, and Mobile Cloud Computing. 

 

 

4. ACHIEVABLE RATE REGION (ARR) FOR MDC SYSTEMS 

In order to determine the multirate distortion function for MDC systems, firstly it is necessary to 

prove that optimal pair encoder-decoder is a quasi deterministic system. Then it is necessary to prove that 

optimal MDC system is quasi-deterministic.  

Definition 1. A system is ”quasi deterministic” if there is almost no randomness in the assignment 

of a time process v at the output of a system to an input time process u. Even if there is some randomness (for  

xample: initial random) in the assignment process, we impose that its contribution to the conditional entropy 

rate vanishes in the limit. Such system can be mathematically represented as: 

                                                              
1 1

1
( | ) lim( ( | ))n n

n
H v u H v u

n
                   (1) 

where ( | )H v u and  
1 1( | )n nH v u  are the conditional entropies, n is the size of the block, and 

1

nu , 
1

nv

represent the range from 1 to n for the input and output processes u and v, respectively.  

Claim 1. An optimal pair of encoder decoder is a quasi deterministic system. 

Proof: If the system is not quasi deterministic then there is randomness in the assignment of the time 

process v at the output of the system to the n input time process u. Therefore  

 

                                                                      ( | ) 0H v u                      (2) 

The reproduction entropy of the output process v is 

 

                                                    
( ) ( ; ) ( | ) ( ; )H v I u v H v u I u v                    (3) 

where ( ; )I u v is the mutual  information for the input and output processes u and v. By applying 

quasideterministic assignment ( | ) 0H v u  of an output process the reproduction entropy can be reduces in 

order to obtain obtain better encoder decoder pair:  

 

                                                             
( ) ( ; )H v I u v                     (4) 

This result agrees with the remarkable implication of the sliding block coding theorem which asserts 

that there exists a joint measure with the property ( | ) 0H v u   that yields distortion and rate arbitrary close 

to the infimum [39]. 

Definition 2. A Multiple Description Coding system is an efficient and reliable communication 

system trying to secure QoS (Quality of Service) by breaking a message into two (or more) distorted replicas, 

which together contain enough information to reconstruct the original message. A low fidelity reproduction is 

obtained if only one channel is intact. 

Let’s assusme that the message is fragmented into two distorted replicas, although the solution can 

be extended to more than two. Obviously if the probability of total failure (Blocking Event) of a channel is 

denoted by p , then if there are two available channels,and assuming independence of the events of blocking 

a channel, then the probability that both channels are blocked is 
2p  much lower than the single channel 

case. Even if the events of blocking the two channels simultaneously, are dependent (and probably they are) 

still there will be a great improvement comparing to the single channel case. Therefore, sharp reduction of 

Probability of Blocking is a good reason to adopt Multiple Description Coding system.  

Possible applications of MDC can be in telephony, internet and in particular on cellular channels. A 

digitized voice or video signal could be divided in half (or other fraction) and sent over two routes. If either 

route is blocked or disconnected, a reduced fidelity reproduction is still available to the receiver. We apply 

the process assignment concept to these multiterminal systems and present a bound for the achievable rate 

region for Multiple Description Coding systems as required in mobile systems. 

Claim 2. An optimal Multiple Description Coding system is quasi deterministic. 

Proof: Every optimal ”Multiple Description Coding System” is ”quasi deterministic” since such 

system can be represented as a set of pairs of encoder - decoder. The structure is visualized in Figure 1. The 

problem can be formulated as follows [28, 32]: There are four alphabets, the source alphabet U and three 

reproducing alphabets, possibly of different sizes V, W, and Y.  
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Encoder Decoder 0

Decoder 2

Decoder 1

u

v

y

w

 
Figure 1. Multiple Description Coding System 

 

Let 0d , 1d , and 2d represent the distortion measure functions that describe the distortion suffered 

each time the source produces a letter uU and the user receives letters v  V, w   W and y   Y, 

respectively: 

                0 :| |d U Y R                  (5) 

                                                       1 :| |d U V R                    (6) 

                                                     2 :| |d U W R                             (7) 

where R
 non negative real number. Each distortion measure function is always a non negative real number 

– (like cost function, penalty, loss, etc.) 

A stream of symbols from the source alphabet enters the encoder, and two bit streams leave the 

encoder at the rates 1R  bits per input symbol and 2R  bits per input symbol, respectively. Both bit streams 

enter the central decoder (Decoder 0). Only one bit stream enters each side decoder (Decoder 1 and Decoder 

2). Side Decoder 1 is required to describe the source data using the alphabet V with average distortion over 

all the pair of sequences limited by 1D under the distortion measure 1d . Side Decoder 2 is required to 

describe the source data using the alphabet W with average distortion 2D  under the distortion measure 2d . 

The central Decoder (Decoder 0) is required to describe the source data using the alphabet Y with average 

distortion 0D  under the distortion measure 0d . The average per letter distortions for the output processes y, 

v and w for large values of block length n are not exceeding 0D , 1D and 2D , respectively, i.e.:  

 

   0 0

1

1
lim( ( , ))

n

k k
n

k

d u y D
n



                 (8) 

                                                        1 1

1

1
lim( ( , ))

n

k k
n

k

d u v D
n



                   (9) 

                                                      2 2

1

1
lim( ( , ))

n

k k
n

k

d u w D
n



                          (10) 

 

In order to obtain optimal system, each pair of encoder-decoder must preserve ”quasi determinism” 

property and therefore the whole system is quasi-deterministic: 

 

          
( | ) ( | ) ( | ) 0H v u H w u H y u                            (11) 

 

Now the achievable rate region for a Multiple Description Coding system can be determined.  

Definition 3. The Achievable Rate Region (ARR) for a source u with an a-priori known probability 

distribution P, is the region of all rate pairs ( 1R , 2R ) on the channels such that the deterministic mapping 

from the input process u to the output processes y, v, and w yields average per letter distortions not exceeding 

0D , 1D and 2D , respectively. 
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This means that for each value of distortion vector 0D , 1D and 2D , there is an Achievable Rate 

Region (ARR) defined as the set of all rate pairs ( 1R , 2R ) for which there exist codes of distortion at most 

the distortion vector 0D , 1D and 2D . 

The next claim is about the Multi Rate Distortion Theorem, that states the Achievable Rate Region 

for a Multiple Description Coding System [28].  

Claim 3. Let’s assume a source u with an a-priori known probability distribution P. The Achievable 

Rate Region (ARR) is the region of all rate pairs ( 1R , 2R ) on the channels such that the deterministic 

mapping from the input process u to the output processes y, v, and w yields average per letter distortions not 

exceeding 0D , 1D and 2D , respectively. The region ARR is given by all pairs of ( 1R , 2R ) defined by the 

convex hull bounded by the following inequalities: 

 

           1 2 ( ; )R R I u y                           (12) 

                         1 ( ; )R I u y                          (13) 

           2 ( ; )R I u y                          (14) 

For all the deterministic mappings from the input process u to the output  rocesses y, v, and w 

represented by all the possible conditional per letter probability distribution |vwy uQ Q , such that the 

average per letter distortions not exceeding 0D , 1D and 2D , respectively. That is, 

           0 0{ ( , )}E d u y D                          (15) 

           1 1{ ( , )}E d u v D                          (16) 

           2 2{ ( , )}E d u w D                          (17) 

Proof: All pairs of rates ( 1R , 2R ) in the region ARR must satisfy the limit of the output entropy. That is: 

           1 2 ( )R R H y                           (18) 

                                      1 ( )R H v                          (19) 

               2 ( )R H w                           (20) 

 

and the average per letter distortions not exceeding 0D , 1D and 2D given with the equations (15), (16) and 

(17). On the other hand, for all pairs of rates ( 1R , 2R ) not in the region ARR there is no machine with the 

above property. 

Let Q be a transition matrix which simulate a multi-channel where the input process u is 

transformed into the output processes y; v;w defined on alphabets U, V, W, Y. The matrix Q approximates the 

data coding at the level of a single letter, even though, at the whole block level, the transformation is quasi-

deterministic. At the level of a single letter the matrix Q represents the uncertainty of the transition of a single 

letter of alphabet U to the triplet defined on the alphabets V, W, Y. The set of all machines (encoder-decoder) 

that transform the input process u to the output processes v, w, y subject to the above fidelity constraints is 

described by the set  

                                          

| 0 0 1 1

2 2

{ | { ( , )} , { ( , )} ,

{ ( , )} , ( | ) ( | ) ( , ) 0,}

vwy uQ Q E d u y D E d u v D

E d u w D H v u H w u H y u

  

                (21)
 

Because ( | ) ( | ) ( | ) 0H v u H w u H y u    it follows that the output entropies are equal to the mutual 

information terms: 

                                                    
( ) ( ; ) ( | ) ( ; )H v I u v H v u I u v                  (22) 

                                                    
( ) ( ; ) ( | ) ( ; )H w I u w H w u I u w                  (23) 
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( ) ( ; ) ( | ) ( ; )H y I u y H y u I u y                  (24) 

Now the definition of the region described by equations (18), (19) and (20) can be written as:  

           1 2 ( ; )R R I u y                           (25) 

                                    1 ( ; )R I u v                          (26) 

              2 ( ; )R I u w                        (27) 

and the set of all rational conditional probability distribution Q described by 
  

| 0 0 1 1 2 2{ | { ( , )} , { ( , )} , { ( , )} }vwy uQ Q E d u y D E d u v D E d u w D               (28) 

This represents the region of rates of distortion at most the distortion vector 0D , 1D and 2D . 

 

 

5. NEW APPROACH TO QUALITY OF SERVICE 

The Achieavable Rate Region for MDC Systems can be applied to define a new Quality of Service 

Approach. Quality of Service was defined by the ITU in 1994 [6] to include basic criteria on the 

characteristic parameters of a connection, such as service response time, loss, signal-to-noise ratio, cross-talk, 

echo, interrupts, frequency response, loudness levels, and so on. As a subset of telephony QoS is Grade of 

Service (GoS) criteria to include aspects of a connection in relation to the capacity and coverage of a 

network. An example is guaranteed maximum blocking probability and outage probability [40]. 

When considering the computer networks or other kinds of networks for data communication, some 

kind of resource reservation can be applied. With this approach to Quality of Service, the most important to 

consider is the possibility to differentiate the available resources for the end user. The level of performance 

depends on the type of subscription or on the type of user. In some cases, a certain bit rate, delay, jitter, 

blocking probability, packet dropping probability and/or bit error rate may be guaranteed. When the network 

capacity is not sufficient, guaranteeing good parameters for the Quality of service can be very important. 

This is especially true in real-time streaming audio/video applications, such as VoIP, online gaming 

and IP-TV, as these often require fixed bit rate and are delay sensitive. The same reasoning applies for other 

networks with a limited capacity such as the mobile communication networks. 

A network or protocol supporting QoS may agree on a traffic contract with the application software 

and reserve capacity in the network nodes, for example during a particular session in the establishment phase. 

During the session it may monitor the achieved performance level, for example the data rate and delay, and 

dynamically control the scheduling priorities in the network nodes. It could potentially release the reserved 

capacity during a tear down phase. In a best effort network or service usually Quality of Service is not 

supported. An alternative approach to control mechanisms is to provide a high quality communication over a 

best-effort network. This is done by over-provisioning the capacity so that it is sufficient for the expected 

peak traffic load. In such case network congestion is avoided and there is no need for QoS mechanisms. 

Another definition for Quality of Service is related to services based on the application level. As an 

example of such services are telephony networks or video and audio streaming. When considering these kind 

of services the Quality of Service is used as a mean for the evaluation of the user satisfaction. From this point 

of view, QoS is the acceptable cumulative effect on subscriber satisfaction of all imperfections affecting the 

service. Other metrics known as Quality of Experience (QoE) is based on the user perception of the quality of 

multimedia content [41] and the required degree of satisfaction of the user or the targeted number of happy 

customers. Examples of measures and measurement methods are Mean Opinion Score (MOS), Perceptual 

Speech Quality Measure (PSQM) and Perceptual Evaluation of Video Quality (PEVQ).  

Here a subset of QoS is presented, namely the pair of: Quality of Fidelity (QoF) and Probability of 

Blocking, which comprises aspects of a connection related to the capacity and coverage of a network, 

blocking probability and fidelity of the received digitized voice or video signal. Here is assumed a standard 

information source with a priori known probability distribution P. The information could be divided in half 

(or other fraction) and sent over two routes. If either route is blocked or disconnected, a reduced fidelity 

reproduction is still available to the receiver. As mentioned above, the probability of a failure (Blocking 

Event) of one channel is denoted by p  . 

This concept can be applied to the Quality of Service requirements. The values of the distortion 

vector 0D , 1D and 2D , that guarantee a level of reliable communication system should be weighted by the 

appropriate probabilities of channel blocking events. The result of the pair  
2

_ ( , )total blockP p QoF                 (29) 
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can be considered as a new approach to QoS (Quality of Service) taking into account all of blocking and loss 

of fidelity factors even for the expected peak traffic load. Here the probability of total failure (Blocking 

Event) of one channel is denoted by p, the probability of total failure (Blocking event) of two channels is 

denoted by
2p and the probability of blocking the whole system is denoted by _total blockP . 

Let 0P is the probability that both channels function well, 1P is the probability that only the first 

channel functions well and 2P  is the probability that only the second channel functions well. Obviously the 

probability of total failure (Blocking Event), that is both channels are blocked is the probability 

_ 0 1 21total blockP P P P    . The value of Quality of Fidelity (QoF) is defined as the average fidelity in the 

system 

0 0 1 1 2 2

0 1 2

P D PD P D
QoF

P P P

 


 
                (30) 

The pair ( _total blockP , QoF) can be considered as a new subset of QoS (Quality of service) taking 

into account all possibilities of blocking probabilities and loss of fidelity even for the peak traffic load in 

multi terminal network.  

As an example let’s consider a network with specific distortion vectors 0D , 1D and 2D . The 

distortion measure functions 0d , 1d , and 2d are known. The designer should specify the parameters of the 

channels: probability p of channel failure (due to blocking or other reason) and capacity C of the channels, 

according to requirements defined by the new definition of Quality of Fidelity QoF. Here is assumed a 

standard source with a priori known probability distribution   of all letters in alphabet U. Let’s assume that 

all channels are identical, have the same unknown capacity C and the probability of total failure (like 

Blocking Event) of a channel is denoted by p. Let’s assume that Failure Events (Blocking) of each channel 

are independent.  

Thus, if there are have two available channels, the probability that both channels are blocked 

simultaneously is, assuming independence of the events of blocking a channel 
2p , and it is much lower than 

the  single  channel case.    Obviously, 
2 2

0 (1 )(1 ) (1 ) 1 2P p p p p p         is the probability 

that both channels function well, and 
2

1 2 (1 )P P p p p p      are the probabilities that only the first, 

or the second channel are functioning well. 

The rates ( 1R , 2R ) in the optimal system will be close to the channel capacity C . Here it is 

necessary to calculate the optimal rates which are actually equal to the channel capacity 1 2R R C   for a 

known standard source with probability distribution  of all letters in alphabet U (for example: typical human 

voice speaking English), known values of the distortion vector 0D , 1D and 2D and known distortion measure 

functions  0d , 1d , and 2d . 

The optimal solution for C is located on the boundary of the Achievable Rate Region (ARR). To 

find the boundary region means to determine the Infimum over all the deterministic mapping from the input 

process u to the output processes y, v and w represented by all possible conditional per letter probability 

distributions  

             |vwy uQ Q                           (30) 

    1 2 2 ( ; )R R C I u y                            (31) 

        1 ( ; )R C I u v                               (32) 

        2 ( ; )R C I u w                           (33) 

 

such that the average per letter distortions are less or equal to   ;   ;   , which are given with the equations 

(15), (16) and (17). The value of QoF , i.e. average fidelity in the system is described by the equation (30).  

Finally, the value of probability channel failure (due to Blocking Event or something else) denoted 

by          is easily calculated for a given value of Quality of Fidelity QoF. The conclusion is that the pair 
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                                                               ( 
     ). (34) 

is a good criterion for the Quality of Service of communication system characterized by typical standard 

source u with probability distribution P of letters in alphabet U. 

Some of the possible applications can be in the field of mobile multimedia, cellular networks and 

cloud computing in general. A digitized voice or video signal could be divided in half and sent over two 

routes. If either route is blocked or disconnected, a reduced fidelity reproduction is still available to the 

receiver. Multiple Description Coding improves Quality of Service and provides new service of rate adaptive 

streaming. 

 

 

6. CONCLUSION 

This paper demonstrated that Multiple Description Coding (MDC) is the right approach to pave the 

way for Mobile multimedia and Cloud Computing. Firstly it was provided the advantages of MDC “Send and 

Forget” method over technologies, such as TCP/IP, UDP and RTP. Then the Achievable Rate Region of 

MDC System was provided. Then a new approach for improving the quality of multimedia and other services 

in the cloud was presented. Here, a new subset of Quality of Service that takes into account issues of 

blocking in multi-terminal multimedia network and fidelity losses was introduced. Finally it was concluded 

that Multiple Description Coding system is an efficient and reliable communication system aiming to 

improve QoS (Quality of Service) by breaking a message into more distorted replicas, which together contain 

enough information to reconstruct the original message. A low fidelity reproduction can be obtained if only 

one channel is intact. Some of the possible applications can be in the field of mobile multimedia, cellular 

networks and cloud computing in general. A digitized voice or video signal could be divided in half and sent 

over two routes. If either route is blocked or disconnected, a reduced fidelity reproduction is still available to 

the receiver.  

In order to provide high-quality video services to the users in wireless mobile terminals it is 

necessary to design video coding that has low coding complexity and strong error resilient ability. One 

possible solution is to make a full separation between multimedia and textual communication: TCP/IP, or 

similar protocol for textual communication, and Multiple Description Coding (MDC) Send and Forget 

method for Multimedia communication.  

Despite the aforementioned advantages of MDC, SD codecs for multimedia communications still 

dominate in industry. However the cloud computing and next generation of mobile and wireless networks are 

technology that should adopt this breakthrough, since it is clear that the old protocols such as TCP/IP do not 

fit, and there will be increased demand for multimedia streaming applications. Mobile multimedia and cloud 

computing provide a very good area for application of Real-Time Multiple description coding.  

In future, we plan to test the quality of multimedia content by using the Quality of Experience (QoE) 

metrics to determine if the new improved QoS parameters are correct. 
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