
Visual-Quality-Driven Video Networking over 4G Wireless 
Broadband 

 

Po-Han Wu 

 

 

A dissertation submitted in partial fulfillment of the  
requirements for the degree of: 

 
 

Doctor of Philosophy  

 

University of Washington 

2014 

 

Reading Committee: 

Jenq-Neng Hwang, Chair 

Payman Arabshahi 

Yasuo Kuga 

 

 

Program Authorized to Offer Degree:  

Department of Electrical Engineering 



©Copyright 2014 

Po-Han Wu 



University of Washington 

Abstract 

Visual-Quality-Driven Video Networking over 4G Wireless 
Broadband  

 
Po-Han Wu 

Chairperson of the Supervisory Committee: 
Professor Jenq-Neng Hwang 
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 This dissertation intends to develop an effective and complete cross-layer 

scheduling and resource allocation algorithm for real-time video camera networks over 

the OFDMA-based 4G mobile infrastructure. There are two main parts in our research: 

Visual Quality Driven (VQD) scheduling as well as resource allocation for real-time 

surveillance video uplink (UL) transmission, and Visual Quality Driven resource 

assignment for real-time video through an integrated downlink (DL) and UL system over 

the OFDMA-based networks.  

In the VQD scheduling for video uplink, we propose an effective real-time video 

uplink (UL) framework for mobile wireless camera networks over an OFDMA-based 

infrastructure. Mobile wireless camera stations (CS) unicast their videos in real time to 

base stations (BS) and then these live video streams are fed to subscribers to facilitate 

real time video monitoring. Based on the visual quality driven  utility function, the target 

bit rate resulting in the highest possible visual quality is quickly set for each UL video by 

our algorithm. To optimize the system performance, a real time video packet scheduler 



and a spectral efficient resource allocation policy are derived. This scheduler is also 

capable of exploiting the inherent diversity gain due to channel variations. Extensive 

simulations demonstrate that our proposed method can significantly enhance utility, boost 

spectral efficiency, and stabilize the video quality. 

For the integrated system, a comprehensive UL and DL framework for wireless 

mobile camera networks is proposed. On the UL side, this system collects unicast real-

time video streams from wireless mobile camera stations (CSs) and forwards them to the 

social web platforms having capability to deliver live videos, such as YouTube, Twitter, 

Facebook, etc.  On the DL side, the aggregated video streams are multicast to multiple 

mobile stations (MSs) to facilitate efficient distribution of these videos in real-time. Since 

this utility function has also taken the popularity of video contents into consideration, the 

number of video layers to be uploaded can be quickly determined by our resource 

allocation algorithm. A previously published opportunistic layered multicasting (OLM) 

scheduling algorithm is also applied on the DL. Simulation results prove that this 

proposed novel architecture of ours can significantly enhance the spectral efficiency and 

the users' satisfaction in both the UL and DL directions. 
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Chapter 1 – Introduction 

1.1: Introduction 

Recent advances in the fourth generation (4G) wireless broadband networks, such 

as IEEE Worldwide Interoperability for Microwave Access (WiMAX) and 3GPP’s Long 

Term Evolution (LTE), have adopted many quality of service (QoS) enabling 

technologies such as orthogonal frequency division multiple access (OFDMA), single-

carrier frequency division multiple access (SC-FDMA), and multi-input, multi-output 

(MIMO) antennas. With these technologies, 4G broadband network provides wider signal 

coverage and higher mobility, offers an elegant way of radio resource partition, supports 

QoS optimization, and has thus been considered as the most appropriate platform for 

wireless multimedia networking. 

With these advanced wireless mobile broadband technologies and deployments of 

new generation wireless infrastructure, real-time video communication applications, 

including video uplink (UL) and downlink (DL) deliveries, are becoming very important 

to service providers as the source of many new business applications and also growing 

into the new frontiers of telecommunication industry.  

However, there are still many open problems to be resolved for different video 

applications. 

 (1). Performance metrics for video networking applications: The OFDMA-based 

networks incorporate several QoS mechanisms to guarantee service for different 
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applications, including data, voice, and video. However, those QoS parameters mainly 

focused on PHY layer performance metrics, such as throughput and delay. Yet, these 

communication oriented metrics do not directly reflect the video perceptual quality 

experienced by users accessing the services. In general, performance metrics for video 

networking applications should be designed based on user experience, expectation of 

different applications, and network performance. [36] 

(2). Resource allocation and scheduling for real-time video uplink transmission: This 

scenario considers multiple real-time uplink surveillance video streams over wireless 

channels, where the demand for high video quality and low transmission delays needs to 

be reconciled with the limited radio communication resources in the system and time-

varying wireless channel condition of each user. The challenge we are facing is how to 

maximize the efficiency of aggregate video under the limited wireless uplink resource. In 

the real deployment, channel condition of each connection varies over time and space. 

Consequently, video encoding rates in different camera stations (CSs) and the modulation 

and coding scheme (MCS) selections of the corresponding sub-channels (SCHs) in the 

BS vary from camera to camera. More specifically, a user with good channel condition 

can upload/receive data at a higher bit rate MCS, e.g., 16 or 64QAM, compared to a user 

with poor channels. Therefore, when UL camera stations (CSs) with poor channel 

conditions are uploading high encoding rate videos through the wireless channels, they 

can only use lower bit rate MCS, such as BPSK, to upload their high-quality video data. 

The system performance will definitely be degraded due to poor radio resource usage. 
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Besides, each CS maintains a buffer of video packets ready to be transmitted to the BS. 

For real-time video services, each packet has a deadline time stamp and needs to be 

delivered before this deadline. Otherwise, it becomes expired and will be discarded. In 

other words, the video rate of each UL CS should be carefully determined according to 

the available resource and corresponding channel conditions, and the real-time packet 

scheduler should try to deliver the buffered packets on time. Thus, for efficient video UL 

delivery to result in optimal system performance, a mechanism comprehensively 

considering resource allocation, video rate adaptation, and real-time packet scheduling 

along with MCS selection are crucially required.   

(3). Resource allocation and scheduling for real-time video multicasting : For the real-

time video DL services to groups of subscribers, such as IPTV or broadcasting live 

events, multicast is obviously the most efficient way to deliver these applications over the 

resource-limited wireless networks [45]. However, the channel condition can vary 

considerably across the subscribers. When the video is transmitted at a lower MCS, all 

users can receive this video but more radio resource is consumed, which results in lower 

number of videos, or low encoding rate videos, can be transmitted. On the other hand, 

when a higher MCS is adopted for transmission, only users with good channel conditions 

can access this video, but those with poor channels may be starved from receiving any 

data. Therefore, how to effectively determine the video encoding rate and assign MCS is 

the main challenge when we try to optimize the performance of multicast applications.    
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(4). Resource allocation for real-time video transmission in the UL and DL integrated 

system: Recently, a new application considering the real-time video delivery over the UL 

and DL integrated framework has attracted a lot of attention. In this scenario, video 

cameras mounted on mobile devices capture the videos with live events and immediately 

upload the captured videos via wireless channels to a social web platforms having 

capability to deliver live videos, such as YouTube [73] or Facebook, for real-time sharing 

or distributing the video contents to groups of subscribers. For this new application, 

several issues arise for the network resource allocation while preserving the optimal 

system performance. 

(a) In this integrated system, multicast should be chosen to efficiently distribute 

the real-time video contents to DL subscribers.  

(b) As described earlier, the radio resource is limited and channel conditions of 

UL CSs and DL subscribers vary frequently over time and location. The video 

encoding rate decided on the UL side may not be the solutions to result in the 

highest satisfaction from video subscribers on the DL side. Thus, a resource 

allocation algorithm jointly considering the UL CSs’ environment and DL users’ 

requirement is indispensable. 

In this dissertation, we aim to develop an effective and complete cross-layer resource 

allocation and scheduling algorithm for real-time unicast UL video delivery, multicast 

DL video distribution, and video transmission in the UL and DL integrated system over 

the OFDMA-based mobile infrastructure. For the real-time unicast UL video delivery, a 
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Visual-Quality-Driven (VQD) utility function is adopted as the performance metric. 

Based on this utility function, the target bit rate of video encoder resulting in the highest 

possible utility can be quickly set for each UL CS. Further, a VQD real-time packet 

scheduler considering utility, head-of-line (HOL) delay in the buffer, averaged 

transmitted rate of each CS, and incorporating the proposed high spectral efficient 

resource allocation policy are derived to reach the optimal system utility.  

In the UL and DL integrated system, the layer-encoded video, such as scalable video 

codec (SVC) [49]-[52], is adopted to facilitate flexible and robust data rate adaptation for 

users under rapidly fluctuating channel conditions. Further, the utility function taking into 

account both the video perceived quality and the video channels' popularity is adopted as 

the performance metric. On the DL side, a previously proposed opportunistic layered 

multicasting (OLM) scheduling algorithm [13] is applied as the solution to distribute the 

videos to mobile station (MS) subscribers. It is capable of selecting a best subset of MS 

subscribers to receive a particular video layer with a view to maximizing the total utility. 

The OFDMA frame-based FEC code is also incorporated to enhance the robustness of 

multicast. On the UL side, a proposed algorithm incorporating the OLM method can 

quickly decide the number of video layers to be uploaded, resulting in the highest total 

utility, for each UL video. To optimize the system performance, a real-time UL packet 

scheduler is also derived. Using 4G mobile network protocols and a realistic wireless 

channel model, it is demonstrated through our extensive simulations that all our proposed 



6 

 

methods can significantly enhance utility, boost spectral efficiency, and stabilize the 

video quality. 

 

1.2: Contributions 

The contributions of this dissertation are as follows. 

� To real-time video uplink system,  an effective and innovative cross-layer algorithm, 

which comprehensively considers the video target bit rate configuration and real-

time packet scheduling along with the resource allocation, is proposed. By using the 

proposed rate adaptation algorithm, the target bit rate resulting in the highest 

possible utility can be quickly set for each CS. To optimize the system performance 

and reach the highest possible utility, the real-time packet scheduler and a spectral 

efficient resource allocation policy are thus derived.    

� A visual quality driven utility function, having considered the video perceived 

quality and the importance of video content, is formulated as performance metric of 

our uplink surveillance video system. This utility function is flexible and applicable 

with any video objective or subjective quality metrics. 

� An enhanced greedy heuristic method, which focuses on maximizing the per slot 

and total utility, is proposed to quickly set the target bit rate for each UL video. 

Extensive simulation and the analysis for this algorithm are provided to demonstrate 

the performances.  
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� Our proposed real-time packet scheduling algorithm jointly considering each CS's 

unit utility gain, average throughput, and queuing delay, is also shown to be able to 

exploit the inherent diversity gain due to wireless channel variation. 

� A spectral efficient resource allocation policy is derived to determine the number of 

slots to be assigned to a CS which is selected for uploading by real-time scheduler. 

� For the integrated system, to our best of our knowledge, our proposed framework is 

the first one to provide the systematic solution by incorporating the UL unicast and 

DL multicast algorithms. 

� The structure of a UL camera using layer-encoded video is clearly defined. It is 

proved that the UL bit streams of base and enhancement layers in CSs ought to be 

classified into different queuing buffers. 

� To optimize the utility for DL users, the OLM scheduling [13] is employed on the 

DL side. With respect to uplinked video layers, the OLM selects the best subset of 

MSs for each video layer to maximize the total utility, and concurrently assign the 

most efficient MCS to transmit the data.  

� The proposed UL algorithm combines the OLM method to select most suitable UL 

CSs to transmit more layers to optimize total utility under resource constraint 

conditions. 

� The OLM algorithm is further applied to estimate the (i) possible number of 

receivers and (ii) potential utility of each video layer, deliberating the DL 

subscribers' channel qualities. It proves to be applicable to a real system.     
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1.3: Dissertation Roadmap   

The other parts of this dissertation are organized as follows. 

Chapter 2: In this chapter, we first introduce the essential concept of radio resource in 

the OFDMA wireless systems. Then we review the recently proposed works which are 

related to scheduling and resource allocation for video UL and DL transmission over the 

wireless networks. 

Chapter 3: Our proposed systematic algorithm for a real-time video unicast uplink 

system is detailed in this chapter.  First, the formulation of visual quality driven utility 

function is introduced as the performance metric. Further, the enhanced greedy heuristic 

method for video encoding rate adaptation is presented. The video rate resulting in the 

highest possible utility is quickly set for each UL video by this algorithm. To optimize 

the system performance, i.e., to reach the targeted bit rate and utility, a real time video 

packet scheduler and a spectral efficient resource allocation policy are both derived. 

Analyses for proposed rate adaptation algorithm and real-time packet scheduler, along 

with the extensive simulations will be provided to demonstrate the outstanding 

performance of all proposed methods. 

Chapter 4: The proposed integrated UL and DL framework are presented in this chapter. 

We first introduce our previously published OLM multicast scheduling algorithm to serve 

as the solution of DL side. Moreover, in this system, the utility function that incorporates 

both the video perceived quality and the video channels’ popularity is adopted. In order 
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to determine the number of video layers, which resulting in the highest system utility, for 

each UL video, an UL algorithm comprising the OLM method is proposed. It can be fast 

decide the optimal number of layers for each UL video. To optimize the system 

performance, a real-time UL packet scheduler is also proposed. Our integrated system 

comprising the OLM not only can estimate the utility to be generated for each layer in 

real-time, but can also select the UL CSs to transmit more layers to optimize the overall 

utility. In other words, a complete integrated video transmission system is constructed. 

Chapter 5: The conclusion of this dissertation is presented here by summarizing our 

main contributions and also discussing the extension works which leads to potential 

research topics in the future. 
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Chapter 2 – Backgrounds and Related Works 

In this chapter, we first introduce the essential concept of radio resource in the OFDMA 

wireless networks. After that, we review several recently proposed works which are 

related to scheduling and resource allocation for video UL and DL transmission over the 

wireless networks. 

2.1: Radio Resource in OFDMA-based Mobile Network  

2.1.a  Subchannel and Slot Composition in WiMAX OFDMA Frame 

 For OFDMA systems, such as IEEE 802.16e WiMAX, the radio resource is 

organized into OFDMA frame structure, as shown in Figure 2.1, and allocated in both 

frequency and time domains. In the frequency domain, the subcarriers are grouped to 

form sub-channels (SCHs) according to different permutation schemes. In particular, the 

band adaptive modulation and coding (AMC, or band-AMC) scheme groups connect 

subcarriers (eight data subcarriers and one pilot subcarrier) with a frequency bin, as 

shown in Figure 2.2. One, two, or three adjacent frequency bins over respectively six, 

three, or two consecutive OFDM symbol frames in time form a slot, which is the basic 

unit of radio resources that may be assigned to any specific user (in this case, a CS). 

AMC permutation enables multi-user diversity by choosing the SCH with the best 

frequency response and is adopted for UL in this work. Besides, in [27] and [28], the 

OFDMA frame duration is set to 5 ms and the channel coherence time is also assumed to 

be 5 ms [28]. 
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Figure 2.1: WiMAX OFDMA TDD Frame Structure 

 

 
Figure 2.2: Time-Frequency Slot Structure in WiMAX OFDMA Band-AMC Mode  

 Another commonly used scheme is the diversity permutation. It pseudo-randomly 

draws the subcarriers to form a SCH in frequency domain and thus provides better 

frequency diversity so that the channel quality are less likely to be affected by frequency 



12 

 

selective fading. It is also called partially used subcarrier (PUSC) mode and is adopted 

for DL in our work. 

 
2.1.b Video over Multicast and Broadcast Service in WiMAX 

 In WiMAX, multicast is operated by a central base station (BS) direction to the 

mobile stations (MSs) within a cell sector to listen in to a particular slot. In order to 

support the multicast and broadcast services (MBS), the WiMAX standard specifies a 

space-time coding (STC) zone, called MBS OFDMA zone, within each DL frame [27]. 

Each MBS zone shall consist of several sub-channels in the frequency domain and 

several OFDM symbols in successive time intervals. All resources within this zone are 

dedicated to multicast service. As shown in Fig. 2.1, the MBS zone may either share the 

DL frame with other uni-cast services, or may occupy the entire DL frame. The radio 

resources within the MBS zone are also partitioned into slots. A slot is the minimum 

granularity data allocation unit in an OFDMA frame, as already described in the previous 

section. The total number of slots within each sub-channel in the MBS zone is 

predetermined and cannot be changed.  

 For the video DL multicast in this dissertation, we focus on how to assign the 

resources in a MBS OFDMA zone. Since the MBS zone is dedicated to the multicast 

traffic, other types of traffic will not be considered. 
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2.1.c Modulation and Coding Schemes in IEEE 802.16e WiMAX 

 A slot may be modulated at one of M different rates {C(m); 1 ≤ m ≤ M} according 

to a specific MCS m (see Table 2.1). For IEEE 802.16e [20], M = 7, and C(m) = [9.6 14.4 

19.2 28.8 28.8 38.4 43.2] Kbps/slot, m=1,2,…,7. The total amount of radio resource is 

limited to G0 slots per OFDMA UL frame. The modulation rate is chosen to ensure the 

bit error rate (BER) is kept below a preset SNR threshold (TH) for a given channel 

quality index (CQI). Thus, given a CQI (b(t)), the corresponding highest possible 

modulation rate, noted as m(b(t)), can be uniquely determined. CQIs are frequently 

estimated by the BS based on received pilot subcarriers. Due to fast and slow fading, the 

CQIs between a CS and the BS vary over different frequency bands. In this dissertation, 

we use the normalized capacity b(t) to serve as a good approximation to the instantaneous 

CQI at time t when a specific MCS is chosen, as shown in Table 2.1. 

Table 2.1:  MCS (m), Slot Capacity (C), and Normalized Capacity (b) in [20]  

Type 
(m) 

Modulation 
and Code Rate 

SNR TH (dB) Capacity 
(C :Kbps/slot) 

Normalized 
Capacity  (b) 

(bits/subcarrier) 
1 QPSK 1/2 5 9.6 1 
2 QPSK 3/4 8 14.4 1.5 
3 16 QAM 1/2 10.5 19.2 2 
4 16 QAM 3/4 14 28.8 3 
5 64 QAM 1/2 16 28.8 3 
6 64 QAM 2/3 18 38.4 4 
7 64 QAM 3/4 20 43.2 4.5 
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2.2: Related Works  

2.2.a Resource Allocation and Scheduling for Real-Time Unicast Video Uplink System 

 To overcome the hurdles of deploying wireless real-time video uplink systems 

discussed in Sec. 1.1-(2), the scheduling and resource allocation scheme plays a crucial 

role. Round robin (RR) [24] is a simple scheduling algorithm but commonly adopted in 

the practical wireless system to fairly assign the resource one by one to all connections. 

However, it cannot satisfy various service requirements from different wireless users. 

Thus, Weighted Round Robin (WRR) [42][43] and Weighted Deficit Round Robin 

(WDRR) [44] have been applied for scheduling in uplink direction. Both methods still 

allocate the resource one by one but the number of allocated resource may be determined 

based on their predefined weights. The weights can be related to queue length, packet 

delay, or the number of slots [43][44] and may be dynamically changed over time. 

WDRR can further avoid the issue of missed opportunities by using the deficit Counter 

(dc), which records the number of slots to be assigned to each user in each round. If the 

value of dc is too small to allow one packet to be uploaded, then this dc value will be 

saved for the next round. The main advantage of these RR variations is their simplicity so 

that is easy to be implemented, but we cannot influence the serving order and do not 

consider each user's channel condition for the scheduler of this type. In the wireless 

networks, there is a possibility to explicitly assign the slots to some connections in urgent 

need, thus needing to specify the serving order. Although changing the serving order 
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makes scheduling more complicated, it allows the system to control the maximum delay 

and jitter values.  

Many cross-layer (PHY and MAC layers) QoS-guaranteed scheduling schemes 

for IEEE 802.16 (WiMAX) systems have been reported in [3]-[7]. These methods 

generally evaluate serving priority by jointly considering all connections' channel 

conditions and QoS requirements. The method proposed in [3] requires a significant 

overhead for a low-power mobile station (MS) to upload status information, such as 

delays of all packets and requirements of bandwidth [7]. Several efficient user/connection 

based schemes have subsequently been proposed and claimed to be more suitable for UL 

scheduling [4]-[7]. The proportional fair scheme (PFS) [8] has been widely used in 

mobile networks with the objective of maximizing the long-term fairness and throughput. 

However, it has no mechanism to guarantee the QoS for real-time services. Later, an 

improvement is proposed in [9] that jointly considers PFS, capacity prediction, and video 

rate adaptation to support the QoS requests of UL videos. Well-known scheduling 

strategies, such as M-LWDF and EXP [10]-[12], facilitate real time video streaming by 

guaranteed minimum throughput and enhanced MS priority scheduling.  

In order to achieve high video quality for real-time video streaming over the 

mobile 4G network, it is necessary to adaptively adjust the target bit rate of the video 

encoder based on actual wireless network status, such as frequently changing error-prone 

wireless channel condition or delays resulting from network congestion. However, not all 

resource allocation works consider this issue. The work in [4] concentrates on supporting 
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QoS by real-time scheduling and transmission rate assignment, i.e., the number of 

packets to be delivered in each OFDMA frame, which is determined based on each user's 

instantaneous channel quality and the number of slots assigned. It only considers constant 

bit rate (CBR) application without rate adaptation mechanism. Similar situation can be 

seen in [3][5][6]. An adaptive rate control for real-time video over 802.16e network by 

observing each CS's average throughput fluctuation is provided in [46]. When the 

average throughput is stable and above a predefined threshold, it implies that the network 

bandwidth is sufficient and the video encoder can be adjusted to a higher bit rate. 

Otherwise, the bit rate should be adjusted lower because the network is congested. In 

[47][48], a method which first estimates the possible capacity of each CS, then scaling 

the encoder’s target bit rate based on the observed packet loss rate is proposed for WLAN 

system. The work in [9] extends the concept in [47][48] to the system in 4G network by 

jointly considering PFS scheduler, fair resource allocation, capacity prediction, and 

packet loss rate and proposes a cross-layer solution for QoS-guaranteed video uplink 

system. These existing works focused on QoS parameters in PHY layer performance 

metrics, such as packet loss rate, throughput, and jitter. Yet, these communication 

oriented metrics do not directly reflect the perceptual quality experienced by the 

subscribers.  

Recently, the perceived quality of video networking applications, commonly 

formulated as a utility function to be optimized, has been promoted as a more appropriate 

performance metrics for wireless video streaming [13]-[16]. These works focused on the 
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downlink (DL) radio resource allocation problems. The greedy method in [16] has been 

extended to the scenario of uplink video scheduling [17][18]. However, these algorithms 

do not scale-up well with increasing users due to the need of tracking resource and utility 

variations. In [19], a framework for joint DL and UL real-time mobile video transmission 

in a wireless camera network (WCN) is proposed. The videos from UL CSs are 

scheduled according to the feedback of quality of experience (QoE) aggregated from all 

DL multicast MSs. 

 

2.2.b   Resource Allocation for Integrated Downlink and Uplink Real-Time Scalable 

Video System  

 As described in Sec. 1.1-(3) and (4), multicast is the most efficient way to deliver 

the video streams to group of mobile subscribers (MSs) over the wireless networks [45], 

and thus is adopted as the DL solution in our integrated system. With such a service, 

groups of MSs on the DL side can view popular video programs at real time while 

roaming around metropolitan regions. 

The inclusion of wireless multicast and broadcasting services in the WiMAX standard 

[20][27] offers great promises to provide real-time video multicast services, such as IPTV, 

over WiMAX channels [53]-[57]. Recently, several works on multicast service over 

802.16 have been reported. In [58] and [59], an overview of how multicast/broadcast 

services (MBS) are supported over the WiMAX standard is proposed. The analysis for 

the protocol structure in case of video/IPTV delivery is also introduced in [60]. In [53], a 
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two-level superposition coded multicast service is proposed. The video data is partitioned 

into basic quality data and enhanced quality data and both are transmitted albeit at 

different rate. The goal is to ensure subscriber stations (SS) can at least receive basic 

quality data even at bad channel condition. No resource allocation issue is considered in 

this work. Some optimal resource allocation algorithms for the layered video delivery on 

the internet were proposed [59][61]. However, without consideration of adaptive MCS, 

they cannot be adopted in a wireless scenario. In [54], SVC is incorporated and every 

subscriber is guaranteed to be served with compulsory layers of videos. With remaining 

radio slots in the MBS zone, the video program and layer that maximizes a marginal 

utility measure will be chosen. The dependency between base layer and enhancement 

layer in SVC is not explicitly exploited in this approach. In [55], the base layer is 

transmitted in a MCS that maximizes the number of receivers. Subsequent enhancement 

layer videos are assigned based on a similar heuristic criterion of maximizing marginal 

utility.  Fairness is imposed by using the logarithm of the MCS rate as the definition of a 

utility function. A constraint on feasible rate to assign is imposed based on the 

dependency of enhancement layer video to the base layer video.  

Recently, the concept called opportunistic multicast scheduling [62] has attracted 

growing attention. In contrast to opportunistic unicast scheduling [8], which schedules 

the best subset of users in each transmission to receive different content separately, 

opportunistic multicasting schedules the best subset of users in each transmission to 

receive the same content. The works in [63] and [64] further show that the throughput 
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capacity of opportunistic multicasting can be further improved by collaborating with 

forward error correction (FEC) codes, and the throughput can be further improved when 

temporal optimization across scheduled frames is conducted. Authors in [65] propose an 

opportunistic scheduling algorithm based on fixed rate of FEC code and throughput 

requirement per resource unit.  

For the scheduling and resource allocation on the UL side, many works, including the 

QoS-guaranteed and visual quality driven algorithms, have been introduced in Sec. 

2.2.(a). As for UL and DL integrated system, the utility function reflecting the perceived 

quality of video subscribers, i.e., the satisfaction level of the subscribers’ access to the 

service, is adopted as the performance metric for this system. Existing works [13]-[16] 

incorporating perceived visual quality as part of the utility function for multimedia 

communication are mainly focusing on the downlink radio resource allocation problems. 

The greedy method in [16] is extended to the scenario of uplink video [17][18]. Authors 

in [17] also consider the video’s popularity from subscribers on the DL while allocating 

resource to each UL video. The unicast scenario is applied for DL subscribers.   The work 

in [18] proposes a SVC upstream system including live and on-demand videos. and its 

focus is on solving the resource allocation problem inside each UL camera.  
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Chapter 3 –Resource Allocation for Real-Time Surveillance Video 

Uplinking over OFDMA-Based Wireless Networks 

3.1 Overview for Real-Time Surveillance Uplink Video System 

 Wireless or mobile surveillance systems that integrate wireless cameras or ad-hoc 

wireless video sensor networks with moving vehicles or mobile devices have become 

reality [1], [2].  As shown in Figure 3.1, video streams captured by wireless or mobile 

camera stations (CSs) are uploaded via uplink (UL) wireless channels to a control center 

where the acquired videos can be archived, analyzed and/or distributed. 

 Surveillance systems of this kind have numerous applications, including real time 

traffic monitoring, facility monitoring, combat/rescue operation monitoring, disaster 

relief and damage assessment, etc. Depending on specific application scenarios, different 

quality of service (QoS) requirements may have to be imposed on the design of such 

systems. For example, video streams that report critical unfolding events will require high 

QoS levels compared to streams that contain no events. 

 
Figure 3.1: Real-time video surveillance system over mobile networks 
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 In this chapter, we consider the scenario where multiple live surveillance videos, 

from either fixed or mobile CSs, compete for wireless channels to upload their videos to 

the BS. The key innovation of this framework is to use visual quality driven utility 

function to decide how the long-term UL video bit rate and the real-time UL radio 

resource are to be assigned. 

 In a realistic wireless environment, the radio spectrum is limited and the 

channel conditions of UL CSs vary frequently over time and space. For efficient video 

uplink delivery in a WCN, the target bit rate for all CSs should be decided according to 

the available resource and corresponding utility. Furthermore, service scheduling and 

modulation coding scheme (MCS) should be chosen to facilitate real-time delivery. 

Based on these settings, UL resource allocation problems are formulated and optimized 

in this chapter. There are 2 key objectives of this work: 1) In order to maximize the 

system utility, a long-term encoding rate assignment problem has to be formulated to 

decide the target bit rates for all CSs. Towards this goal, a fast and effective visual quality 

driven algorithm is proposed to quickly obtain the best utility and bit rates for all CSs. 

The complexity and approximation analysis results of this algorithm indicate that the 

solution is in a close proximity to the optimum and can be achieved in polynomial time. 2) 

In order to achieve each CS's target utility and bit rate obtained from the first objective, a 

real-time scheduling problem needs to be solved. Towards this goal, a utility-based 

priority function which is able to exploit the diversity gain embedded in channel 

variations is designed as the scheduler. By incorporating it in the proposed slot 
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assignment policy, not only each CS can achieve its target utility and bit rate, but also can 

the system improve its overall throughput. Advantages of the proposed algorithms for 

both objectives 1) and 2), including  some 80% more enhanced utility, extremely low 

packet loss, much higher throughput, and more stable video quality, are all demonstrated 

in simulations utilizing the realistic wireless channel model and the 4G network protocol 

parameters. 

 

3.2   Resource Management Problem for Real-time Uplink Video 

 In this chapter, UL resource allocation problems are formulated and optimized by 

2 key steps. 1) In order to maximize the system utility, a long-term encoding rate 

assignment problem has to be formulated to decide the target bit rates for all CSs. 2) 

Since each CS's target bit rate along with the target utility are determined in 1), to achieve 

each CS's target, a real-time scheduling problem needs to be solved. We will describe and 

formulate the objectives 1) and 2) in subsection 3.2.a and 3.2.b respectively. 

3.2.a   Long-Term Video Rate Assignment Problem 

 Assume V video streams, each captured by a CS, are to be uploaded to the control 

center via OFDMA-based wireless uplinks. Each uploading video is assigned a target bit 

rate by the BS from L different encoding rate modes. More specifically, we denote 

R0=[Rv,l]  (in bps) to be an L × 1 vector consisting of the L allowable target bit rates, e.g., 

R0= [500 700 1000 1200] T Kbps, l=1,…,4, and each CS needs to be assigned a bit rate 

from R0 for uploading.  Further, we define an 1 × L assignment vector av = [av,l]. If the vth 
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CS is assigned with the l th rate mode, av,l is set as 1 and other elements in av are all 0. 

Thus, the bit rate assigned to the vth CS, noted as Rv , can be expressed as: 

                       0 , ,1
.a R  

L

v v v l v ll
R a R

=
= = ⋅∑                              (3.1) 

 For long-term bit rate assignment, the average CQI of each CS over a longer 

period of time (e.g., for couple seconds in a real-time application) is required. In this 

work, the average CQI of the vth CS up to time t, i.e., bv
avg(t), is evaluated using an 

exponential window: 

                      ( ) ( ) ( )(1 ) 1avg avg
v v vb t b t b tρ ρ= − ⋅ − + ⋅ ,                                   (3.2) 

and ρ is empirically set as 1/50 for real-time services [21],[22].  

 Now we define the average slot capacity Cv
avg(t) = 9.6*bv

avg(t) Kbps/slot [20], as 

shown in Table 2.1. This value is instrumental in the task of estimating the average slots 

required when a bit rate Rv,l (Kbps) is assigned to a CS by the BS. For the lth bit rate mode, 

the average number of slots required is Gv,l = Rv,l/Cv
avg. Thus, the average number of 

slots needed by the vth video stream is expressed as: 

                            , ,1
 .

L

v v l v ll
G a G

=
= ⋅∑     (3.3) 

 In OFDMA, the total number of slots available at each OFDM burst is caped at G0 

slots. Hence, the radio resource constraints can be represented by (3.4):  

              , , 01 1 1

V V L

v v l v lv v l
G a G G

= = =
= ⋅ ≤∑ ∑ ∑ .                           (3.4) 
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 The utility function of networking applications in general should directly tie 

together expectations to applications and user perception [36]. In the video uplink 

systems, for the purpose of qualitative analysis, a common approach is to represent the 

utility as a function of both video quality metrics and subjectively calibrated parameters 

[17][32]. The calibrated parameters can be assigned by different criterion[23][32] of 

applications. In this work, we assign a weight factor wv to reflect the importance of a 

video which is a situation-dependent subjective criterion that ties closely to visual quality 

perception of surveillance systems. For example, a video showing an emergency event 

should have a higher priority, i.e., higher wv, than other videos. Further, we define uv,l to 

be the video quality if the vth video stream is assigned to the lth bit rate, where uv,l > uv,l-1 

and uv,l can be directly tied to the subjective or objective quality metrics. In the 

simulations of this paper, we use peak signal to noise ratio (PSNR) to approximate the 

values of uv,l because of its simplicity and low complexity [38][39] for UL CSs and 

reasonable degree of correlation with subjective video quality [33][34], so that it can also 

be translated to subjective metrics, e.g., mean opinion score (MOS), using various 

methods when needed [33][40][41]. In line with these discussions, the overall utility 

function for long term uplink bit rate assignment can be expressed as: 

                                   ( ), ,1 1 1
,  

V L V

v v l v l vv l v
w u a UU

= = =
⋅ ⋅ == ∑ ∑ ∑               (3.5) 

where Uv is the long term utility to be generated by vth CS. 

Eqs. (3.4) and (3.5) lead to the following problem formulation:  
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P1.  A Long Term Bit Rate Assignment Problem 

Given R0, wv, bv, and uv,l, find the assignment av = [av,l] for all CSs that maximizes the 

total long term utility U defined in (3.5). This can be expressed as: 

1
 ,max  

V

vv
UU

=
= ∑  

subject to the constraints in (3.4) and  

                                                    ,1
1, 1 .

L

v ll
a v V

=
= ≤ ≤∑                                     (3.6) 

  It implies that each CS will be assigned to a designated bit rate, i.e., at least the 

lowest rate has to be assigned to a CS to ensure the minimum quality for each UL video 

because of the nature of surveillance applications. The solution to P1 is the assignment 

{ av
*} for all V CSs. It will then be substituted into (3.1) to calculate the optimal bit rate 

assignment for each CS as: 

                            
* * *

0 , ,1

L

v v v l v ll
R a R

=
= = ⋅∑a R

.   

Further, the video quality assignment, i.e., the targeted video quality, for each CS can be 

noted as: 

                              
* *

, ,1
.

L

v v l v ll
u a u

=
= ⋅∑                                            (3.7) 

Thus, the targeted utility of each CS can be expressed as  

                                                     
* * .v v vU w u= ⋅   

Problem P1 (Eqs. (3.4) and (3.5)) is the classical 0-1 knapsack problem with additional 

constraints described in (3.6), which has the worst case complexity LV.   
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3.2.b   Real-Time Packet Scheduling Problem 

 Solution to problem P1 yields an optimal targeted average bit rate assignment Rv
* 

and an optimal targeted utility Uv
* for each CS. In order to achieve the targeted Uv

* and 

Rv
*, an effective packet scheduler is essential. The video streams are allocated with Gv

* 

slots in each OFDMA frame. However, bit rate assignment does not bind the CS to any 

particular slot of any specific SCH (frequency band). Besides, for live video streaming, 

each packet has a deadline (Dv,max) and should be delivered before the Dv,max. Otherwise, 

it will be discarded and resulting in utility degradation. Thus, to achieve the Uv
* obtained 

from P1, the objectives of real time packet scheduling is to assign slots to each CS such 

that (a) the real time constraints are met, and (b) the average bit rates will be as close to 

those assigned bit rates as possible. 

 For a particular OFDMA frame, CQIs between the CSs and the BS vary among 

SCHs. This information is represented by bv,k , the number of bits that a subcarrier can be 

transmitted if the kth SCH is assigned to the vth video stream.  

 In an OFDMA UL sub-frame, there are G0 slots and K SCHs. Thus, each SCH has 

G0/K = GK slots. The task of the BS is to assign SCHs and the number of slots in each 

SCH to each of the V video streams. Define Sv,k is the number of slots in the kth SCH 

allocated to the vth video stream at the current UL sub-frame. Summarizing above 

notations, for the vth CS, the number of bits that are allocated at the tth OFDMA frame can 

be expressed as: 

                                              ( ) , ,1
( )( ),

K

v v k v kk
tr t S b scr

=
= ⋅ ⋅∑                          
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where scr is the number of data subcarriers in each slot. Also, for the kth channel,  

                       ,1

V

v k Kv
S G

=
≤∑ .                                       (3.8)  

Each CS maintains a buffer of video packets ready to be transmitted to the BS. For real 

time video streaming, each packet has a deadline (Dv,max) time stamp. If the packet is not 

delivered before the deadline, it becomes expired and will be discarded. Packets in the 

buffer can be divided into two categories: time critical vs. time less-critical. Time critical 

packets, with its size denoted by rv,c(t), have pressing deadlines and must be transmitted 

immediately. Otherwise, utility of the upload video will be compromised, diminishing the 

utility value due to the packets discarded. Less-critical packets have more relaxed 

deadlines, and may remain in the buffer for a short while without causing utility 

reduction if resource is insufficient then. Clearly, it is desired that 

                         rv(t)  ≥ rv,c(t)  ≥  0,                                                   (3.9) 

where rv(t) is the actual number of packets (bits) of the vth video that are transmitted at 

time t. The quality generated by the uploaded rv(t) can be noted as ɵ ( )v tu . If the actually 

assigned bit rate rv(t) < rv,c(t), then the overall utility value will be reduced by a non-

negative amount αv(t) for failing to meet the real time constraint, which can be shown as  

( ) ɵ( )* ( ) ( ) ,v vv v tu tt w uα = ⋅ −  

where uv
* is as defined in (3.7). 

Now we define the indicator function J(a, b) = 1, if a>b; otherwise, J(a, b)=0. Then the 

penalty of utility value discussed above may be expressed as  
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                                           ( ) ( ) ( )( ), ,v v c vt J r t r tα ⋅ . 

As for less-critical packets, they should be transmitted if there are still slots available 

after all critical packets are allocated. Above discussions lead to a cost function at time t :  

              ( ) ( ) ( ) ( )( ),1
,

V

v v c vv
E t t J r t r tα

=
= ⋅∑ .                                   (3.10) 

More specifically, the reduced utility is the difference between the targeted utility and the 

generated utility. The packet scheduler has to make the utility uploaded by each CS be as 

close to Uv
* as possible so that the utility reduced can be minimized. 

Now we are ready to present the problem formulation: 

P2. A Real Time OFDMA Slot Assignment Problem 

Find Sv,k for each (v, k) such that E(t) in (3.10) is minimized, which is formulated as  

min E(t) , 

subject to constraints (3.8) and (3.9).  

 In our work, after P1 is solved, any procedure applied to P2 is to reach the 

targeted Uv
* found in P1 and will not change the determined P1 solution; therefore, the 

optimization of P2 is regarded as a finer search of detailed parameters. 

 In a mobile network, it is difficult to allow UL users to upload all their packet 

information to the BS due to the fact that the resource for feedback is limited. Thus, a BS 

actually cannot have all the information from CSs for UL scheduling [7][9]. Because of 

this, the feedback information used in our solution to P2 along with its practical 

availability in a BS is considered as follows. For 802.16 and LTE, the number of critical  
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Table 3.1:  List of Notations 

Notation Description 

v Index of a UL video/camera station (CS) 
l Index of  encoding rate mode in a video 
L Total encoding rate modes in each video  

Rv,l Target bit rate (Kbps) for l th mode of vth video  
Rv target bit rate (Kbps) assigned to vth CS  
uv,l video quality when Rv,l is adopted 
ηv, l incremental unit utility from (l-1)th to l th mode 
Gv Avg. number of slots needed to UL vth video  
G0 Total available slots for UL in an OFDMA frame 
bv Channel quality (CQI) of vth CS 

 rv(t) Bits allowed to be uploaded by vth CS at time t 
Sv(t) number of slots assigned to vth CSs at time t  
Rv,min Minimum reserved rate for real-time video  
Dv,max Tolerable delay for real-time video packet 
τv(t) HOL delay in vth CS at time t 

packets and the total number of packets in the buffer (queue length) can be reported by 

CSs to the BS via the information of bandwidth request and buffer status through the 

control channel [24]-[26]. Further, head of line (HOL) delay τv(t), i.e., the waiting time of 

the first packet of the vth video in the transmit buffer, is used to determine if a CS has 

critical packets. The τv(t) must be lower than the highest allowable delay Dv,max to prevent 

packets from being dropped. It can also be fed back to the BS via control channel [4][25]. 

The notations used are summarized in Table 3.1 for readers' convenience.  

 In this chapter, a cross layer algorithm, called Visual Quality Driven (VQD) 

Scheduling, is proposed to solve P1 and P2. As shown in Figure 3.2, this systematic 

method intelligently considers the interaction between the APP and MAC/PHY layers to 

search the optimal solutions for P1 and P2. Further discussions for VQD are detailed in 

the following Sections 3.3 and 3.4.  
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Figure 3.2: VQD System: In BS, the VQD module is for optimal UL utility 

 

3.3   Long-Term Video Encoding Rate Adaptation and Resource 

Allocation 

3.3.a   Long-Term Uplink Bit Rate Assignment 

 To solve the problem of P1, we first define per-slot utility gain φv,l = wvuv,l /Gv,l, 

and rewrite (5) as follows: 

                                        , , ,1 1

V L

v l v l v lv l
G aU φ

= =
= ⋅ ⋅∑ ∑ ,                                   (3.11) 

where φv,l is the unit utility gain when video stream v is assigned with bit rate #l. Denote 

Umax to be the maximum utility that can be achieved with G0 or fewer slots. Clearly, the 

per unit utility gain Umax/G0 will also be the largest. This observation leads to the first two 

steps of the bit rate assignment heuristic algorithm. To obtain the optimal utility gain, we 

introduce the notion of incremental utility. For a video stream, the change of utility value 

due to change of bit rate levels from l−1 to l is noted as δUv,l = wv(uv,l − uv,l-1), and the 
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change of slot demand is δGv,l = Gv,l − Gv,l-1. Thus, one can define the incremental unit 

utility gain as 

                        

( ), , 1 ,
,

, , 1 ,

; 1  ,v v l v l v l
v l

v l v l v l

w u u U
l L

G G G

δ
η

δ
−

−

−
= = ≤ ≤

−                                (3.12) 

where uv,0 and Gv,0 are both defined as zero. Then the algorithm proceeds with bit rate 

assignment as follows. 

Step 1. Compute and then sort {ηv, l ; 1≤ v ≤ V, 1 ≤ l ≤ L } to yield a mapping of index (v, l) 

to an ordered list {(v’(f), l’ (f)); 1 ≤ f ≤ F} such that  

  ( ) ( ) ( ) ( ) ( ) ( )' 1 , ' 1 ' 2 , ' 2 ' , ' ,v l v l v F l Fη η η≥ ≥ ≥⋯
 

where f  is the rank index for ordered list and F=V×L. 

Step 2. Set Gu(0) = 0.  

 For f= 1 to F, 

  Compute Gu(f) = Gu(f−1) + Gv’(f),l’( f) 

  If Gu(f) ≤ G0,  

       set  a v’(f),l’( f) = 1 and a v’(f), l’( f)-1= 0, if l’ (f)-1> 0 

  Else Gu(f) = Gu(f−1) 

                    J = f - 1 , then break the for loop 

 End for loop 

Step 3.  

 For f* = J+1 to F, 
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  ( ) ( ) ( ) ( )* * ' , '1' , '
  If

J

v f l ffv f l f
U Uδ δ

=
>∑  

       (i) reset {a v’(f), l’( f)= 0 , Gu(f)=0 ; 1 ≤ f ≤ J}  

                (ii) set av’(f* ),l’( f* ) = 1 

                (iii) Redo Steps1 and 2 for the rest (v, l) with Gu(0) = Gv’(f* ),l’( f* ) 

 End for loop 

 If Gu(J) < G0, perform Steps 4 and 5. Otherwise, exit. 

With the Steps 1 and 2 in this greedy heuristic, each video stream is assigned with the 

most efficient transmission bit rate in terms of utility value per slot, starting from the 

most efficient video stream. Note that not all video streams may be assigned with a bit 

rate. Step 3 guarantees the algorithm performance by preventing any extremely high 

utility video, but with lower per slot usage, from being discarded. 

 On the other hand, it is possible that Gu(J) < G0. In this situation, even each video 

stream is assigned a bit rate that has maximum unit utility gain, there might be still slots 

left. Hence, it is possible to transmit some videos at even higher bit rates to maximize the 

overall utility. To do this, one may apply selection procedures as Steps 3 and 4 to select 

the video streams to transmit at higher rates. More specifically,  

Step 4. Find each CS's mode by  l*(v)= arg max{av, l ; 1 ≤ l ≤ L } and then sort {δUv, l* (v) ; 

1 ≤ v ≤ V }to yield a mapping of index v to an ordered list {v*(q); 1 ≤ q ≤ V} with rank 

index q so that 

( ) ( ) ( ) ( ) ( ) ( )** ** * * * * *1 21 , ( ) 2 , ( ) , ( )v Vv vv l v l v V l
U U Uδ δ δ≤ ≤ ≤⋯

. 
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Next, for all non-selected higher modes # (l*(v)+1), where 1 ≤ l*(v)+1 ≤ L,  

sort {δUv, l* (v)+1 ; 1 ≤ v ≤ V } to yield a mapping of index v to an ordered list { v" (q"); 

1 ≤ q" ≤ V}, such that 

( ) ( ) ( ) ( ) ( ) ( )* * *" 1 " 2 "" 1 , ( ) 1 " 2 , ( ) 1 " , ( ) 1
 .

v v v Vv l v l v V l
U U Uδ δ δ+ + +≥ ≥ ≥⋯

 

Step 5.    

For q" = 1 to V, 

         For  q = 1 to V, 

   Compute δG = δGv"(q"), l* ( v"(q"))+1 −δGv*(q), l* (v*(q)) 

   If δUv"(q"), l* (v)+1 > δUv*(q), l* (v*(q))  && Gu(J)+δG ≤ G0,  

        set  av"(q"), l* ( v"(q"))+1 = 1 and av"(q"), l* ( v"(q")) = 0. 

                          a v*(q), l* (v*(q)) = 0 and a v*(q), l* (v*(q))-1 = 1. 

                          Gu(J) = Gu(J)+δG 

                  Then redo Step 4 and 5.  

 End if 

         End for 

End for loop 

 

3.3.b   Analysis for VQD Algorithm to Solve P1 

 We now provide an analysis of VQD algorithm proposed for long-term bit rate 

assignment. As described in Section 3.2.a, the P1 is closely related to the 0-1 knapsack 
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problem and is NP-hard. In general, the method to optimize unit resource usage, known 

as the greedy heuristic method, can potentially result in poor performance for 0-1 

knapsack problem. Thus, we first show that our proposed algorithm can at least guarantee 

1/2-approximation in this type of problem. 

Theorem 1. For long-term resource allocation, the VQD can at least achieve the 1/2–

approximation of optimal performance for a 0-1 Knapsack problem. 

Proof: Please refer to Appendix A1.  

 Theorem 1 gives a loose lower bound for the VQD algorithm in this 0-1 knapsack 

problem. In the VQD, we assign bit rate according to δG, which is the slot demand when 

bit rate is increased from (l−1)th to l th. By keeping this δG small (as in comparison with 

G0) and iteratively allocating this small portion of resource to CSs while deciding their bit 

rates, the performance of VQD can be further enhanced. More specifically, define 

, 0
,

max( ) ,v l
v l

G Gδε =
 

where ε denotes the maximum ratio of slots demand for higher bit rate over total slots for 

uplink. Then a stronger performance bound that VQD can provide within a factor of (1-ε) 

of the optimal solution is stated in Theorem 2. 

Theorem 2. For all f, if δG(f)≤ ε．G0 , the VQD algorithm guarantees a solution that is 

at least (1-ε) of the optimal value . That is, OPTVQD ≥ (1 − ε)．OPT 

Proof:  Please refer to Appendix A2.  
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3.3.c   Complexity of VQD Algorithm to Solve P1 

 The complexity of using VQD algorithm to solve P1 is assessed as follows: First, 

O(VL) is needed to find out all ηv,l,. Steps 1 and 2 take O(VL⋅logVL) operations for sorted 

scheduling. Step 3 may have O(VL) as the highest amount of operations. After this stage, 

the worst case for Steps 4 and 5 is O(V⋅logV) and O(V2) respectively. Since in general, V 

>> L, the overall complexity is MAX{O(VL), O(VL⋅logVL), O(VL), O(V⋅logV), O(V2)} =  

O(V2). Considering that P1 needs to be solved only once every few seconds, it is 

reasonable to assume that VQD can solve P1 in real time. 

 

3.4 Real-Time Scheduling and Resource Allocation 

3.4.a Frame-by-Frame Packet Scheduling Algorithm 

 Once long term bit rate assignment problem is solved, each CS will upload video 

stream according to the assigned bit rate. However, due to frame-by-frame variations of 

CQI, it is necessary to solve the real time OFDMA slot assignment problem P2. As 

discussed earlier, P2 involves three tasks: (a) decide the scheduling priority for each CS; 

(b) allocate time critical packets to meet real time constraints; and (c) allocate less-critical 

packets to meet the target bit rate for each video. 

 For task (a), a utility-based priority function is proposed in this work to assign 

scheduling priority for each CS in an OFDMA frame. This priority function is based on 

the unit utility gain, average throughput of individual CSs, and the queuing delay. 

Specifically, the priority function defined is 
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U
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≥ ≠

< ≠






=

                         (3.13) 

where 

, , ,1
( )

L

v norm v v l v ll
U w u a U

=
= ⋅ ⋅∑  , 

                                              ( ) ( ) ( )delay rate
v v vF t F t F t= ⋅  ,                                     (3.14) 

                                             ,max ( )( ) ( )  delay

v v v stF t D τ= − Γ
,                                      (3.15) 

                                            ,min( ) ( 1)rate

v v vF t tr R= −
.                                      (3.16) 

Note that φv
k is the priority of the vth CS on SCH k; Uv,norm is the vth utility normalized by 

U in (3.5); sv,k= Rv/Cv,k is the estimated slots consumption when CQI is bv,k; Fv
delay is 

the delay factor [3] with Dv,max and τv(t); and Γs is the guard time and usually is the same 

as the scheduling period. When Fv
delay<1, it implies that the queue in the vth CS has the 

critical packet and should be served at time t. Thus, the φv
k is assigned with the highest 

priority. This mechanism is critical for reducing packet loss and maintaining satisfactory 

utility.  

 Fv
rate is the ratio of the average upload bit rate to the minimum throughput 

required to maintain utility. The average bit rate of the vth video is evaluated by  

                                            ( ) ( ) ( )(1 ) 1 ,v v vr t r t r tρ ρ= − ⋅ − + ⋅
                                    (3.17) 
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where ρ is set as 1/50 for real-time application [21][22]. When Fv
rate<1, φv

k should be 

increased to make up the deficiency. Cmax is the highest MCS in Table 2.1 and is used to 

normalize the φv value within (0, 1). 

 The steps for frame-by-frame scheduling are as follows: 

1.  For each CS, assess {φ’ s} for all the K SCHs by  (3.13): 

                               
1

1 2 1,...,  { , ,..., : ... };K
v K

k k
v v v Vk k k φ φ =Φ = ≥ ≥ ,                          (3.18) 

where φv,k will be deleted from the Φv if there is no more slots available for upload in the 

kth SCH.  

2. Set the priority Pv as 

                                            1, 2, ...max{ };  
v v v VP == Φ  .                                      (3.19) 

3. The CS with the maximum Pv will be scheduled first and allocated to the available 

SCH ksch , where 

                           
( , )

(   ) arg max{ };,
v

sch sch

v k
v k P=                                         (3.20) 

The instant CQI assigned to vsch at frame t can be shown as  

                                                    ,
( ) ( )sch sch schv v k

b bt t=
. 

This assigned CQI can be mapped to the corresponding MCS m, as shown in Table 2.1, 

and the MCS adopted by CS vsch is thus obtained. The average CQI is then updated by  

(3.2). 
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In our system, we iteratively schedule the CS and select the allocated SCH along with the 

corresponding MCS using Steps 1, 2, and 3 above for every OFDMA frame until no more 

slots are available or all payloads have been allocated. 

 Intuitively, to obtain the optimal utility, the CSs with higher unit utility gain 

should have higher priority to be scheduled. However, scheduling decisions relying on 

utility gain only are insufficient to support real time video service due to its strict delay 

and throughput constraints as well as instantaneous variations in compressed videos. 

Hence, the Fv factor is included in the proposed function (3.13), where once critical 

packets exist in a CS, the priority of this CS is raised to the highest value for timely 

transmission. 

 However, such an arrangement may lead to a critical question: For CSs with no 

critical packets, will the policy articulated by (3.13) favor CSs with high utility or good 

instant CQI and become highly unfair?  

 To answer this question, we offer the following analysis. Without loss of 

generality, let us assume the best SCH is used and both Fv
delay>1 and bv >0 are held for 

each CS. We also denote sv = Rv/Cv for brevity of notations. From Eqs. (3.13), (3.15), and 

(3.16), one has 

, 
max

, ,min
max( 1)

1 1 1

1 1 .

( ) v norm
rate delayv v v

v norm v
delayvv v

v

r t

U
s F CF

RU
s CF

tφ

−=

=
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The average bit rate             in (3,16) can be derived as Cv
avg．Sv

avg , where Cv
avg and Sv

avg 

are average slot capacity and average slot assigned respectively. Then the priority 

function above becomes 

                                   
max

max

, ,min

, ,min

1 1
/

1 1 (3.21)

( ) delayavg avg
vv v

delayavg avg
vv v

v norm v

v v

v norm v

v

v

v

RU
FC S CR C

RU C
R FS C C

tφ

=

=
 

 In (3.21), the Cv/Cv
avg indicates that the BS tends to schedule a CS when its 

instantaneous CQI is high enough relative to its own average CQI over a specific time 

scale. In short, a CS is allowed to upload data when its CQI is near its own peak. This 

concept is consistent with the proportional fair or opportunistic scheduling in [8] and 

thus (3.21) shows that fairness is in fact already embedded in the proposed algorithm of 

(3.13). In addition, the spectrum usage efficiency is also sustained by using (3.13) since 

multiuser diversity can still be benefitted by using proportional fair scheduling, as shown 

in [8]. 

 The complexity for scheduling by VQD priority function in (3.13) is assessed as 

follows: In  (3.18), for each CS, the priority in (3.13) needs to be evaluated for all K 

channels and these K results in turn need to be sorted. Thus (3.18) has O(VK) + 

O(VK⋅logVK) operations. In regard to (3.19) and (3.20), both require O(V) operations. So 

the complexity for scheduling is MAX{O(VK), O(VK⋅logVK), O(V)}=  O(VK⋅logVK), 

which is polynomial time. It is hence justifiable to apply the proposed algorithm to real-

time application. 

( 1)v tr −
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3.4.b Real-Time Slots Assignment 

 When a CS is scheduled based on its priority, the number of slots allocated to this 

CS also needs to be decided. The allocated bandwidth must satisfy the rc,v(t) constraint in 

(3.9) to minimize the cost function E(t) defined in (3.10). Besides, for live video, the 

required rate Rv,min must be guaranteed while assigning the UL rate of rc,v(t) and less-

critical bits in case the videos become useless due to insufficient bandwidth [31]. 

Thus, [5][6][11] proposed that the average assigned bit rate at time t, as shown in (3.17), 

should fulfill the condition   

                                                           ,min( )  .vv t Rr ≥
                                                  (3.22) 

 In [5][6], the amount of bits to be uploaded by each CS is evaluated every 

OFDMA frame. When the average rate before frame t, i.e., ( 1)v tr − , is smaller than Rv,min, 

the bits to be uploaded should be increased and assured to satisfy the Rv,min. Otherwise, no 

resource is needed. It can be expressed as 

                 

,min ,min
( ) ,   if ( 1) ( 1) ( 1)

0,  
( )

                                
v c vv v v

v

R t Rt t tr r r
t

otherwise

− ⋅ + <
=

− − −
∆ 

 ,                        (3.23) 

where ∆v(t) is the rate required to assure Rv,min , and tc =1/ρ. 

 However, the instantaneous channel condition of a mobile client is time-varying 

and a CS may temporarily suffer from unexpected serious channel fading. In case of slow 

stations, with high scheduling priority, transmit too many packets through the poor 

quality channels in order to meet the Rv,min requirements, they will definitely consume 
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even more resource than fast stations do due to poor CQI and the low-efficiency MCS. 

Under this circumstance, the resource usage efficiency is decreased and other CSs will 

suffer from resource shortage because of the slot exhaustion caused by slow stations. 

Thus, the performance of each UL CS and the system throughput are all negatively 

affected or sacrificed. To overcome this issue, we propose the resource allocation 

algorithm, shown in Figure 3.3, by modifying (3.23) as follows. 

 Two situations are considered in our method: (i) when the instantaneous uplink 

CQI bv(t) measured by the BS [24] is lower than the average CQI bv
avg, or (ii) the bv(t) ≥ 

bv
avg but ( 1)v tr −  ≥ Rv,min, then the Gv, derived from (3.3), is imposed as the upper bound 

for the amount of slots to be assigned to each (say, the vth) CS in each frame. Otherwise, 

if the bv(t) is higher than the average, the number of bits allowed for the vth CS's 

transmission should be assured to satisfy the Rv,min . The procedure above can be shown 

by (C1) listed in Figure 3.3. 

 By imposing the Gv in situation (i), the system can prevent the scheduled CSs 

with deep channel fading from severe exhaustion of the available slots during 

transmission [9]. For (ii), even though the average uploaded rate already satisfies the 

Rv,min, the bandwidth Gv can still be allocated to scheduled CSs in view of its ability to 

efficiently decrease the amount of buffered data and the critical packets. 
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1: Evaluate for each scheduled vth CS   

2:  if bv ≥ avg
vb  

3:  ,min ,min

,min

( ( 1)) ( 1),    if ( 1)

if ( 1)
(C 1)

( ) ,  
( )

                     
cv v

v v v

v v v
v

v

R t t t t R

t Rb t

r r r
t

G scr r

− − ⋅ + − − <
=

− ≥

 ⋅ ⋅

∆  

4:  else  

5:         ∆v(t) = Gv．bv(t)．scr 

6:  end if         

7:  Compare ∆v(t) and rv,c(t), choose the max. as the bits assigned: 

8:   rv(t) = max(∆v(t), rv,c(t)), and thus Sv(t) =  rv(t) / (scr×bv(t))  

Figure 3.3: Pseudo code for proposed resource allocation method. 

 

 After ∆v(t) is found, we should assure constraint in (3.9) is guaranteed. Thus, the 

rv(t) is determined by  

                                               ,( ) max( ( ), ( ))
v v v ct t r tr = ∆

,                                           (3.24) 

and the number of slots assigned at time t (Sv(t)) is 

                                              ( ) ( ) ( ( ))v v vS t r t scr b t= ×    .                                         (3.25) 

If the available slots on SCH ksch in (3.20) is not enough, the second best SCH for the CS 

vsch is selected and the remaining bits are allocated [6]. The details for real-time slot 

assignment are summarized in Figure 3.3. 
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3.5    Simulation and Performance Comparison 

3.5.a    Utility-Driven Greedy Algorithm 

The performance of the proposed VQD algorithm is evaluated through extensive 

simulations using realistic wireless channel models. Specifically, for bit rate assignment 

in P1, VQD will be compared to a baseline Utility-Driven Greedy algorithm over various 

scenarios [16]-[18]. 

The baseline Greedy algorithm is initialized by assigning equal amount of resource 

Gv to each UL CS. The utility Uv and rate Rv of each CS are thus obtained based on Gv 

and its average CQI, as shown in (3.4).Then the Greedy algorithm iteratively takes away 

a small amount of assigned slots ∆G from the CS identified to be least sensitive to the 

utility decrease due to this slots reduction, and then continuously assigns this ∆G to the 

other CS that can generate the highest utility benefit until no improvement is obtainable. 

Let ∆Uv denote the change of utility for the vth  CS  due to a change of slot ∆G. 

This algorithm can be expressed as an iterative maximization of the incremental utility by 

adding ∆G of CS n+ and decreasing ∆G from CS n-, such that: 

                             arg max( )v v v
v

n U G G G+ = ∆ ← + ∆ ,                      

                             arg min( )v v v
v

n U G G G− = ∆ ← − ∆ .                     

After the rate Rv is assigned, two well-known schedulers, M-LWDF and EXP [10]-

[12], along with the slot assignment strategy in (3.23), are incorporated with Utility 

Greedy to facilitate live video packet scheduling in P2. M-LWDF and EXP are adopted 
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because of their great QoS performances for real-time flows in cellular systems [10][30], 

where the former performs well for systems with lower loads, and the latter is 

recommended for those with higher loads [30]. 

 

3.5.b    Simulation Configuration and Channel Model 

In this paper, the simulations are performed strictly according to [20][27]. The 

simulated WCN includes one UL BS in the center of cell, and the connected UL CSs are 

all mobile and uniformly distributed within the cell. To simulate each mobile CS's CQI, 

the channel propagation loss is estimated based on the COST 231 sub-urban model, and 

the small scale fading effect is measured employing the ITU Veh-A multipath model [27] 

corresponding to 30 Km/hour. The simulation (I) and (II) below are set to work on a 5 

MHz and 10 MHz bandwidth with a 5ms OFDMA frame [27] respectively, and both 

adopt the band-AMC permutation [20] for sub-channelization. Table 3.2 summarizes the 

system parameters used in the simulation, and the parameters of OFDMA band-AMC 

mode are shown in Table 3.3. 
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Table 3.2:  System Parameters  

Parameters Value 

Operating frequency   2.5 GHz 
Duplex TDD 
Channel bandwidth 10 MHz 
Cell radius 1.4 km 
BS Height 32 m 
MS Height 1.5 m 
BS Antenna Gain 15 dbi 
MS Antenna Gain -1 dbi 
Antenna Pattern 70° (-3 dB) with 20 dB front-to-back ratio 
MS Noise Figure 7 dB 

 

Table 3.3:  Band-AMC OFDMA Parameters 

Parameters Value 

Permutation mode Band-AMC 
FFT size 1024 
Sub-carrier frequency spacing ( f ) 10.94 kHz 
Useful Symbol Time (Tb = 1/f ) 91.4µs 
Guard time (Tg = Tb /8 ) 11.4 µs 
OFDMA Symbol Duration (Tg = Tb + Tg ) 102.9 µs 
Frame duration ( tfr )  5 ms 
Number of OFDMA Symbols 48 

Band-AMC Mode 
Null sub-carriers 160 
Pilot sub-carriers 96 
Data sub-carriers 768 
Number of Sub-carrier per slot 48 

 

3.5.c    Simulation (I): Packet Scheduler Performance 

In the first simulation, we only compare the performance of different packet 

schedulers, including VQD, and the M-LWDF and EXP in Sec. 3.5-(A). We assume that 

6 CSs are uniformly scattered in a WCN, which is a 5-MHz OFDMA system. Each CS 

has a constant bit rate (CBR) video with 1 Mbps. Without loss of generality, we use the  



46 

 

Table 3.4: The average Throughput (Kbps).  

 G0=198 G0=176 G0=154 
VQD 6124.98 6119.01 6043.39 

M-LWDF 5968.90 5928.75 5847.11 
EXP 5965.30 5930.91 5850.86 

 

 

Table 3.5: The average packet loss (%).  

 G0=198 G0=176 G0=154 
VQD 0.3 0.34  1.57 

M-LWDF 2.58 3.37 4.77 
EXP 2.66 3.31 4.63 

 

 

normalized utility, i.e., uv,l =1, since only one rate mode is used. To ensure real-time 

streaming, the Dv,max = 50 ms for each packet [9][37]. Besides, three resource scenarios 

(176, 154, and 198 slots for UL) are used for comparison. In the first scenario, 176 slots 

can be considered as 50% of total slots in a 5MHz OFDMA frame and is abundant for all 

6 CBR videos being uploaded if the resource is efficiently assigned. The other two 

scenarios, with lower and higher resource budgets, are also tested for more comparisons. 

The experimental results are summarized in Table 3.2 and 3.3. It is evident that by jointly 

considering the factors in (3.14), the concept of opportunistic scheduling, and the slot 

assignment method in Figure 3.3, the VQD packet scheduler can not only effectively 

enhance the throughput but also greatly decrease the system packet loss, even the 

available slot budget is tight. 
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Figure 3.4: Quality (uv,l) – Rate models for the 5 videos used in simulation. The "□" denotes the quality of 
each R0,l . [29][35] 

 

3.5.d   Simulation (II): Systematic Method Performance 

In this simulation, a WCN with 20 uniformly distributed UL mobile CSs is 

considered. Each CS is assigned to a weight integer wv within the range from 1 to 3, and 

provided a live video which is encoded by H.264/AVC with L = 4 allowable target bit 

rate modes, i.e., R0=[Rv,l]=[500, 700, 1000, 1200] Kbps. The PSNR, an objective quality 

measurement, is adopted to assess the video quality (uv,l) at different bit rates in our 

simulation. Figure 3.4 shows the quality-rate functions for 5 different videos encoded 

with the H.264 AVC codec at CIF resolution and a frame rate of 30 frames/sec [29][35]. 

Each CS is randomly assigned to one of the compressed video streams (with different 

quality-rate model) to be uploaded to the BS, then the video quality and utility to be 

uploaded to the BS can be evaluated by these models based on the target bit rate, as the works 

in [16]-[18][33]. Again, to ensure real time video streaming, the Dv,max = 50 ms is used.  
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Throughput : by Method 1 ~ 3

 
Figure 3.5: Comparisons of different Methods, 1:  VQD, 2: Utility Greedy with  M- LWDF, 3: Utility 
Greedy with EXP: (a) avg. utility: Optimum vs Target vs Generated in 30 secs, and (b) Avg. throughputs in 
30 secs. 

0 5 10 15 20 25 30
30

40

50

60

70

80

90

100

110

120

 Time (sec)

E
n

h
an

ce
d

 U
ti

lit
y

Enhanced  Utility Comparison

 

 

VQD
Utility Greedy with M-LWDF
Utility Greedy with EXP

1 2 3
0

20

40

60

80

100

120

 Method index

E
n

ha
nc

ed
 U

ti
lit

y

Enhanced Utility

 

 

Enhanced Utility : by Method 1~3

 
Figure 3.6: (a) System enhanced utility every 3 secs.  (b) Enhanced utility in 30 secs by method 1:  VQD, 2: 
Utility Greedy with M-LWDF, 3:  Utility Greedy with EXP. 

 

Four UL systematic algorithms are compared: 1) the proposed VQD method, 2) 

the Utility-driven Greedy method incorporated with M-LWDF, and 3) the Utility-driven 

Greedy method with EXP scheduler, and 4) the globally optimal utility by Exhaustive 
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search. Each method needs to solve P1 to decide the Rv and target utility for each CS, and 

then real time schedulers adopted in 1), 2) and 3) have to solve P2 to find the utility 

actually being generated. As for 4), we assume the target Rv and utility can be perfectly 

reached to the optimum and thus no scheduler is needed to solve P2. The utility produced 

by each CS is updated every 3 seconds. The total slots per frame reserved for UL video 

(G0) is 495. 

The overall system performance are summarized in Figs. 3.5 ~ 3.7. Figure 3.5(a) 

shows the average utility comparisons in 30 secs and both the target and generated utility 

by VQD being much closer to the optimum by 4) than those by the other methods. Figure 

3.5(b) indicates that the throughput by VQD is clearly higher than those by 2) and 3), 

suggesting the much improved spectrum usage efficiency by VQD. 

Furthermore, for each method, the G0 in the simulation is in fact allowing all CSs 

to upload videos by using a basic bit rate of 500 Kbps to generate the basic utility. 

Therefore, the real meaningful aspect here is to compare the enhanced utility, i.e., the 

increased utility obtained by each method above the basic utility portion. Figure 3.6(a) 

shows that the enhanced utility produced by VQD is consistently far better at each 

moment, and Fig. 3.6(b) exhibits the enhanced utility by VQD is some 80% higher on 

average than those obtained by other methods. 

Figure 3.7 shows system loss rate by proposed VQD packet scheduler and Utility 

Greedy with different schedulers. The VQD packet scheduler maintains better 

performance because it assigns the highest priority to the CS with time critical packets,  
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Figure 3.7: (a) System packet loss every 3 secs.  (b) Packet loss in 30 secs by 1:  VQD, 2: Utility Greedy 
with M-LWDF, 3: Utility Greedy with EXP.   

consequently providing better QoS than the others, as has been covered in [4]. According 

to [30], the M-LWDF provides better QoS to systems with lower loads, and the EXP is 

recommended for those with higher loads. Since the Utility Greedy assigns the bit rate 

based on the available slots and the capacity of each CS, the UL traffic is basically 

appropriately allocated and thus the results for method 2 and 3 are similar. 

In addition, the utility Greedy method needs to search the most appropriate CS pairs to 

exchange the assigned resource for the optimal utility. This task becomes more 

complicated due to the fluctuating or changing channel qualities of mobile CSs. Since the 

best CS pairs and the slots exchanged may not be that easy to obtain, it thus takes longer 

execution time to find the optimum, as can be seen in Fig.3.6. VQD simply assigns 

resource according to the ηv,l in (3.12), and then enhances the results by applying Steps 3 

to 5 in Sec. 3.3.(a) when needed. Using this simpler procedure, the VQD can quickly find 

the near-optimal solution and can be easily implemented in the wireless UL scenario. 
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Figure 3.8: (a) Utility and (b) Packet loss every 3 secs. A CS with highest weight is randomly selected.   
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Figure 3.9: (a) Utility and (b) Packet loss every 3 secs. A CS with lowest weight is randomly selected. 

 

Figures 3.8 and 3.9 show the performances of the videos randomly selected from the highest 

and the lowest weighted CSs respectively. Compared with the other methods, the VQD provides 

higher and more stable utility and lower packet loss for all videos. Figures 3.8(b) and 3.9(b) 

implies that the VQD scheduler further guarantees the low loss of  important videos. 
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Chapter 4 –Resource Allocation for Integrated Real-Time 

Scalable Video System over OFDMA Mobile Network 

4.1 Overview for Integrated Real-Time Video System 

 Thanks to the success of wireless broadband access technologies, the mobile real-

time video uplink application, which integrates wireless camera  or ad-hoc wireless video 

sensor networks with mobile/portable devices, is nowadays feasible[1][2]. With such a 

system, video cameras/sensors are mounted on mobile devices, such as mobile phones or 

vehicles, to capture videos of particular targets or live events and immediately upload the 

captured videos via wireless channels to a centralized repository or social web platforms 

having capability to deliver live videos, such as YouTube [73], Twitter, Facebook, etc, 

for real-time sharing, distributing, and recording. 

 In our proposed framework, the uploaded videos are not only real-time collected, 

but also their distributions considered. The live video streams, once available, are 

announced or pushed to the users subscribing to the channels on web platforms. The 

users linking to the channels to receive the videos are seen as mobile station (MS) 

subscribers. Multicasting or broadcasting is adopted to expedite the downlink live video 

delivery to all the MSs to ensure efficient use of radio resource. A conceptual diagram of 

this proposed framework is shown in Fig. 4.1. 

 The key innovation of this proposed framework is the use of perceived quality of 

DL subscriber to decide how the UL radio resource should be assigned. This end-to-end 
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optimized approach ensures the most efficient allocation of limited radio resources while 

strives to achieve the desired performance. In addition, with increasing demands for high 

data rate video service in wireless networks, the layer-encoded technology, such as 

scalable video coding (SVC) [49]-[52], which provides spatial, temporal, and quality 

scalability for video streaming services and achieves flexible data rate adaptation for real-

time video delivery, is adopted as the APP layer solution. Moreover, the structure for UL 

SVC camera is clearly defined. The UL bitstreams of base and enhancement layers in 

CSs are classified into different queuing buffers, which can be identified by the BS, and 

one connection session will be initially created for each layer [68]. The BS can thus 

correctly estimate the utility for each UL layer and more efficiently assign the limited UL 

resource. Compared with the traditional non-layered video, the SVC can quickly adapts 

its UL rate with nearly no delay by determining the number of UL layers. Thus, it 

obviously has faster reaction to variable channel conditions and is certainly a better 

choice for the real time video system. 

 In a realistic wireless environment, the radio spectrum is limited and the channel 

conditions of UL CSs or DL MSs vary frequently over time and space. For efficient video 

delivery in a WCN, the number of video layers assigned to each UL CS should be 

determined according to the available radio resource and corresponding utility, i.e., the 

DL users' perceived video quality in this work. Moreover, the real-time scheduling and 

MCS selections for all the occupied SCHs at the BS should be carefully chosen for both 

UL and DL. Based on these settings, a joint UL/DL resource allocation problem is 
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formulated and solved in this chapter. Specifically, the objective is to maximize the 

satisfaction of subscribing MSs by effectively scheduling and allocating resource to the 

UL videos from all CSs. Toward this goal, a visual quality driven resource allocation 

method, incorporating the DL multicast algorithm, is proposed to quickly and effectively 

obtain the best target utility and determine the number of video layers to be uploaded for 

all UL CSs. Further, in order to guarantee the target utility can be reached, a utility-based 

priority function is designed for real-time packet scheduling. The complexity analysis 

results indicate that the solution can be achieved in polynomial time.  

 Further, to maximize the distributing efficiency of the DL videos to all MSs and 

concurrently optimize their satisfaction, a previously proposed opportunistic layered 

multicasting (OLM) scheduling algorithm [13] is applied. In our integrated system, the 

OLM is further adopted to (i) estimate the number of DL MSs to receive a certain video 

layer in real-time so that this layer's utility can be found immediately, and (ii) select the 

UL CSs to transmit more layers in order to optimize the system's total utility. 

The rest of this chapter is organized as follows. Section 4.2 will first introduce our 

previously published OLM multicast scheduling algorithm, which has been adopted as 

the solution of DL side in our proposed integrated framework. The resource management 

problem of integrated system and the proposed cross-layer solutions are detailed in 

Section 4.3 and 4.4. The simulation results and discussions will be covered in Section 4.5.  
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Figure 4.1: The integrated Real-Time video system over OFDMA-based mobile networks: Unicast for UL 
and multicast for DL  

 

4.2 Opportunistic Layered Multicasting (OLM) over 4G Network 

 As introduced in Sec. 1.1 and 4.1, our integrated system adopts SVC video to 

facilitate more flexible data rate adaptation and applies the previously proposed OLM 

algorithm [13] to distribute the videos to MSs. Besides, the OLM is further adopted to (i) 

estimate the number of DL MSs that can receive a certain video layer whenever the 

system obtains the MS's CQI feedback so that this layer's utility can be found 

immediately, and (ii) select the UL CSs to transmit more layers in order to optimize the 

system's total utility. We thus provide a brief introduction for OLM algorithm in this 

section. 
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4.2.a   Downlink Resource Management Problem 

 After each DL BS receives the videos, it has to immediately multicast these live 

videos to all concerned MSs. However, conventional multicast schedulers intend to serve 

all the subscribers in each transmission instance by choosing the MCS that has a lower 

SNR requirement to meet the channel condition of every MS. This results in conservative 

MCS adoption at the multicast schedulers, and the performance such as system 

throughput of real-time video multicasting will be bounded by the worst fading channel 

condition among all the MSs at each transmission instance. 

 By incorporating multiuser diversity into DL multicast scheduling, OLM 

algorithm [13] chooses MCS more aggressively, i.e. it may choose higher MCS, at the BS 

and allows the DL system to ride the peaks of the MSs’ fading channel fluctuation. To 

achieve higher efficiency of selecting MCS, the OLM is also facilitated by block erasure 

forward error correction (FEC) code [13] [64], such as fountain codes. Thus, the MSs can 

recover the original video contents as long as they have received enough encoded 

OFDMA frames.  

 Furthermore, since the scalable video, consisting of a mandatory (base) layer 

and optional (enhancement) layers, is adopted in the integrated system, the OLM 

scheduler needs to select the number of receivers, i.e., the subset of targeted MSs, for 

each video layer. Once the subset of targeted MSs is determined, the best MCS and FEC 

parameters to transmit each video layer can also be decided, and the possible utility for 

each layer can thus be estimated. As a result, after the number of scalable video layers 
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has been determined and the layers uplinked, the OLM scheduler can efficiently multicast 

the video streams to MSs based on their CQI feedbacks and hence provide adequate 

video playback resolution matching MSs' channel quality. The following subsections will 

further explain our strategies. 

4.2.a.(i)   Notations and Formulation of Resource Consumption 

 Before describing our strategies, several notations need to be defined. Assuming 

there are V DL layered video streams to be multicast in a specific WCN, and the total 

slots for MBS in an OFDMA frame is limited to GDL. Further, the number of MSs 

subscribing to the vth video is noted as Nv, and the number of MSs that receive the vth 

video with up to l th layer delivered is noted as Nv,l, where v = 1, … , V and l = 1, … , L. 

Clearly, 0 ≤ Nv,l ≤ Nv . 

 Now we can formulate resource consumption under opportunistic multicasting 

scheduling. For each vth video stream, suppose the original data rate of the l th video layer, 

noted as (v, l), is δRv,l. Because of using application level FEC, the original video stream 

(v, l) is expanded from video source data rate δRv,l to δDv,l.at code rate r (to be addressed 

later). In a SVC system with CBR for individual layers, the average number of slots 

consumed St at the tth OFDMA frame for (v, l) can be evaluated as  

                                                     

,

( )
v lt

t

D
S

mC

δ
=  
 
     ,                                                      (4.1)

 

where the C(m) is the slot capacity when MCS m is decided, as shown in Table 2.1.  
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The average throughput successfully decoded for user i is subject to the channel quality 

dependent indicator function and expressed as:  

                                            
,

1

1
lim ( , )

t
j j

i i v l
t

j

T I m b D
t

δ
→ ∞ =

= ⋅∑                                     (4.2) 

where ( , )j j
iI m b  is an indicator function that equals 1 if user i can correctly decode 

transmitted data and 0 otherwise, given current CQI j
ib and the selected MCS jm .  

From (4.2), we define iQ  as average OFDMA frame receiving rate 

                                           1

1
lim ( , ),

t
j j

ii t
j

Q I m b
t→ ∞ =

= ∑                                                 (4.3) 

representing the percentage of frames user i receiving given the MCS set. If the 

application layer FEC, such as Reed-Solomon codes or Raptor codes, is applied, the ideal 

code rate to serve all subscribers Nv,l is the minimum iQ  among them, i.e., 
,

min
v li N iQ∈ . 

This derived amount of FEC can support data rate at 
,

min
v l

ii N T∈ to be correctly decoded 

with high probability [64]. 

 Thus, in order to deliver a video layer, the system requires to spend resource at 

least maintaining 
, ,min

v li N v liQ Dδ∈ ⋅ = δRv,l to serve a user set Nv,l. The average number of 

slots (amount of resource) in a frame consumed by this layer for an admitted user set can 

be further formulated by substitute δDv,l in (4.1) by using the aforementioned criterion : 
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4.2.a.(ii) Optimization on Mandatory Video Base Layer  

 The base layer of a video contains the most significant information of that video. 

Therefore, each MS should receive this layer in OLM for basic service assurance. Based 

on this guideline, all MSs of the vth video should be included in the subset of target MSs, 

noted as {Nv,l, l=1}. This guideline may result in low MCS adopted due to the MS 

possibly having the worst channel condition. Nevertheless, to optimize the total utility, 

we should try to decrease the resource consumed by base layer so that more enhancement 

layers can be transmitted.   

 As a result, in the first optimization problem, the objective is to efficiently (i.e., 

using least amount resource units) multicast the base layer (l=1) with basic perceptual 

quality, to all subscribers.  Note that, in this scenario Nv,1 = Nv. The amount of resource 

consumed in (4.4) can be minimized when we maximize the minimum effective 

throughput across all users by dynamically adapting MCS of allocated slots 
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{ }
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arg min ( )

arg max ( ) min
v l
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i Nm
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C m Q
∈

=

= ⋅
                                        (4.5) 

subject to                                         ,1 DLv
v

GS ≤∑  

 Only the base layers associated with all the videos channels are considered in case 

when the required number of slots are more than total preallocated number of slots U for 

the video multicasting service. In this case, to ensure all base layers are allocated, 
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subscribers with worst channel quality can be dropped from Nv to allow the choices of 

more efficient MCS indices so that the total resource budget can be within GDL slots. 

4.2.a.(iii)   Optimization on Optional Video Enhancement Layers 

 The enhancement layers of a video contain optional information of that video, so 

their priorities of resource allocation are lower than that of the base layer. 

After the optimization is carried out for multicasting of base layers, the remaining 

resources are used to allocate optional video enhancement layers, from which only a 

subset of users are scheduled to receive, subject to the maximization of a system-wide 

transmission gain constrained by available resources. The transmission gain used in our 

formulation is represented by utility functions, δuv,l, corresponding to subjective video 

quality gain of user experiences when the lth enhancement layer of the vth video is 

successfully received and decoded subject to layer dependency, i.e., a scheduled user is 

allowed to subscribe the lth video layer only if all the lower layers are also subscribed. In 

consequences, the optimization problem jointly considers scheduling (i.e., determine 

video layers to transmit to a subset of scheduled users) and the resource allocation (i.e., 

adapting MCS) can thus be formulated as 

                                                     
, ,1 1

max
V L

v l v lv l
u Nδ

= =
⋅∑ ∑

                                   (4.6) 

subject to                                         ,1 DLv
v

GS ≤∑  



61 

 

where 0≤ Nv,l ≤ Nv. We maximize the total utility gained by all scheduled users given the 

resource constraint and inherited nature of layer dependency.  

Equation (4.6) requires that a good scheduling candidate should provide maximum utility 

gain per unit of resource. In other words, to accomplish (4.6), it is equivalent to solving 

the subproblem of maximizing the unit utility gain of a specific pair of (v, l), by searching 

the best MCS �m  and the best set for users � ,v lN . 
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The eq. (4.7) can be derived because the δuv,l and δRv,l in (4.4) are constant given a 

specific (v, l). 

 In the following subsections of 4.2.b ~ 4.2.d, we detail the algorithms designed to 

solve the corresponding optimization problems, as shown in (4.6) and (4.7), with 

OFDMA-based specification in mind. Different strategies are conducted to base and 

enhancement layers. Besides, FEC is implemented in a cross-OFDMA-frame fashion and 

finite block size N, i.e., every N OFDMA frames. 

4.2.b   Adaptive FEC Code Rate Determination 

 To ensure every subscriber in Nv,l can receive the video data while choosing the 

higher rate MCS, we propose a dynamically adjustable flow-based block erasure (N, Ke) 

FEC scheme to protect the multicast data, where the eth FEC block uses Ke frames to 

carry the original data and N-Ke frames to carry FEC redundancy. In other words, the eth 
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FEC block contains N frames from frame (e-1)N+1 to frame eN, and if a MS can 

successfully decode the data blocks from at least Ke frames out of the N frames in the eth 

FEC block, it can fully recover the original data carried in the eth FEC block. We choose 

to adapt Ke with a predefined length N when generating FEC code to bound the maximum 

FEC latency. More specifically, we use a system with 5ms OFDMA frame and N = 200, 

this results in one second of delay. The resource efficient value of Ke is determined by 
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                                   (4.8) 

The average frame receiving rate t
iQ , instead of using (4.3), is updated by exponentially 

weighted recursion for real-time scheduling 
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                                 (4.9) 

where tc is the window size; fm is an error margin factor which can statistically guarantee 

the performance. More detailed discussions for the setup of fm can be seen in [13]. 

 For implementation, a BS applies fragmentation/aggregation on the video bit 

streams to from N equal data blocks given the FEC parameter (N, Ke) at overall data rate 

δRv,l ·(N/Ke), i.e., δRv,l /K per OFDMA frame. The data block defines the amount of data 

to be allocated in each OFDMA frame, which must allocate sufficient number of slots for 

it. Thus, the code rate of the eth FEC block, noted as re, is  
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N
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4.2.c   Mandatory Video Base Layer Allocation 

 To effectively implement the optimization problem of (4.5), the designed 

algorithm searches for the best MCS every OFDMA frame to heuristically approach   

�

,

max{ ( ) min }
v l

ii N
C m Q

∈
⋅  series as well as the least resource consumption. The MCS is decided by 

maximizing the new contributor to the series as  

                                { }1arg max ( ) ( , ) : arg min
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i
m M

t
i N im C m I m b i Q−
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∈= ⋅ =ɶ

ɶ ɶ                        (4.10) 

We jointly consider the maximization of �( )C m  and min iQ by greedily selecting the MCS 

tmɶ  for the tth frame based on (4.10). Specifically, according to the most updated CQI 

feedback, the BS identifies the subscriber iɶ  with minimum t

iQ  and then selects the best 

MCS that the subscriber iɶ  can decode. 

    Besides, at the end of an FEC block, its code rate rb is updated to ensure efficient usage 

of resources and keeps up with possible channel quality fluctuation. The procedure for 

base layer allocation is shown in Figure 4.2. The complexity of the overall loop is O(Nv). 
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1:  1;  1;  / 2 ;  1 ;   e
v

t
iQe t K N i N= = = = ∀ ∈      

2:  repeat bv ≥ avg
vb  

3:         update channel quality 1t
ib − and matrix 1 1( , )t t

iI m b− −  

4:        evaluate t
iQ  using (4.9)  

5:       find arg min
v

t
i N ii Q∈=ɶ      

6:        find optimized { }1( ) ( , )arg max t

i

t
m Mm C m I m b−

∈= ⋅
ɶ

ɶ         

7:        schedule δRv,l /r
e of data to be delivered in the tth frame's OFDMA MBS region using tmɶ  

8:        if   end of the tth FEC block then 

9:             e = e + 1 

10:           update Ke using (4.8) 

11:      end if 

12:      t = t + 1 

13:  until  end of video session  

Figure 4.2: Pseudo code for mandatory base layer allocation 

4.2.d   Optional Video Enhancement Layer Allocation 

 For enhancement layers allocation, we execute the optimization formulation of 

(4.7) by approaching optimal ,
t
v lmɶ every OFDMA frame and updating Nv,l every FEC 

block. In other words, within an FEC block, a pair of (v, l) is targeted to a fixed set of 

users, who are dynamically scheduled frame-by-frame within the block. The algorithm in 

Fig. 4.3 describes the whole process. 

 In searching for ,
t
v lmɶ , operations in Lines 3 to 6 in Figure 4.2 are executed first to 

calculate ,
t
v lmɶ and compute the utility function 
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 1:  repeat  

2:  for  all eligible (v, l) do  

3:         find � ,
t
v lm using Fig. 4.2, Line 3 to Line 6 ,  v li N∀ ∈  

4:        calculate ɶ ,v lη  using (4.11)  

5:  end for 

6:  schedule (v, l) in descending order of ɶ
,v lη  until no resource left subject to layer dependency 

7:        if  end of an FEC block then 

8:            for all eligible (v, l) do 

9:                 find arg max : ,
vi N v

t t
j i

t
ii j Q Q j N Q∈= ≥ ∈ ⋅ɶ  

10:               update Nv,l using the result of Line 9 

11:          end for 

12:          update Ke using (4.8) 

13:     end if 

14: until  end of video session  

Figure 4.3: Pseudo code for optional enhancement layer allocation 
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                          (4.11) 

of each (v, l) according to (4.7). Therefore, we schedule video layers in a descending 

order of ɶ ,v lη value until no resource left subject to layer dependency. Note that Nv,l and re 

are fixed during this phase. 

 At the end of an FEC block, in addition to update Ke, the algorithm searches for 

the best subset of users to receive this layer of video by picking the bottleneck station iɶ  

resulting maximum utility. So, we consider all i dependent terms in (4.11) to find 
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v
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t t t
j i ii j Q Q j N Q

∈
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where resulting , { : , }k k
v l j vi

N j Q Q j N= ≥ ∈ɶ  implies only stations capable of receiving 

more OFDMA frames than iɶ  are scheduled for this layer. So, the best Nv,l can be 

continuously updated. The decoupling of ,
t
v lmɶ (every frame) and Nv,l (end of FEC block) 

searching results in suboptimal allocation but makes sure that once a station is chosen to 

be served, the whole FEC block will not be interrupted. Comparing to the base layer 

algorithm, the extra loop updating Nv,l has the same search range Nv, so the complexity is 

still O(Nv). 

4.2.e   Performance Evaluation for Multicast Algorithms 

 In this experiment, we focus on the comparison of different multicast algorithms 

for layered video over 4G network. Two multicast scheduling frameworks are considered: 

1) the OLM algorithm in [13], and 2) conventional multicast scheduling algorithm, which 

is introduced in [15]. The configurations of the simulated system are set based on the 

PUSC mode [20][27]. Details of the simulation platform can be found in [13][56] and are 

omitted here due to the space limitation. The basic configurations of WiMAX PHY layer 

and MAC layer are identical for both methods. In particular, it is assumed that the 

WiMAX service will be delivered by a single BS to groups of MSs. These MSs shall 

randomly scattered over the cell area centered at the BS with a radius of 1.4 km. The 

channel propagation loss is estimated using the COST 231 suburban model and the Jake’s 

model is adopted for the effect of small scale fading [27]. 
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Figure 4.4: Comparison of average received utility  

 Further, we set up a scenario with three layered video streams ( 3V = ) and the 

numbers of subscribers are Nv ={100, 80, 40} for three videos respectively. Each DL 

video has four video layers ( 4L = ), and the utility value for each layer is δuv,l = {0.5, 0.25, 

0.15, 0.1}. The MBS region size reserved for DL video multicasting is GDL=110 slots. 

The data rate of each layer is 250 Kbps and will consume an aggregate rate of 1Mbps.  

 Figure 4.4 shows the average received utility under different algorithms. The 

OLM can receive 0.74 utility in average from the three videos under the scenario with 

tight resource budget. Compared with the conventional multicast scheduling which 

receives only 0.54 utility in average, the OLM achieves 37.9% higher utility, which 

clearly demonstrates the outstanding performance of OLM algorithm..  
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4.3  Resource Management Problem Formulation for Integrated SVC 

System 

     In section 4.2, the OLM multicast scheduling algorithm, i.e., the DL side solution in 

our proposed integrated framework, has been detailed. In the following sections, we will 

focus on resource allocation for UL videos by jointly considering the DL MSs. 

4.3.a   Video Layer Assignment Problem 

To tackle the varying wireless channel condition, the layer-encoded video is adopted in 

our systematic solution. Our UL CSs will directly upload the layered video streams but 

the number of video layers must first be determined before uploading. Assume V video 

streams, each captured by a CS, are to be uploaded to the video repository or social web 

platforms and L is the total number of layers in each video. The rate of the lth layer in the 

vth SVC video is specified by δRv,l in bits/sec (bps), where l = 1 for base layer, l = 2 for 

first enhancement layer and so on. Besides, for SVC videos, if the lth layer is to be 

uploaded, it implies that all its lower layers, i.e., l =1, … , (l -1), are already uploaded 

because of the dependency among layers of SVC coded videos. Thus, for the vth video, 

when the lth layer is assigned, the overall encoding rate is described as 

, , "" 1

l

v l v ll
R Rδ

=
= ∑  

More specifically, we denote R0=[δRv,l]  (in bps) to be an L × 1 vector consisting of the bit 

rates of each layer, e.g., R0= [250 250 250 250]T Kbps, l=1,…,4, and each CS needs to be 
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assigned the number of uploaded layers so that the target bit rate can be determined.  

Further, we define a 1 × L assignment vector av = [av,l]. If the vth CS is assigned with the 

lth layer, av,l is set as 1; otherwise, the av,l is set as 0. For instance, if the base and the 1st 

enhanced layer is assigned, the av is shown as [1, 1, 0, 0].  Thus, the bit rate assigned to 

the vth CS, noted as Rv , can be expressed as: 

                                           0 , ,1
.a R  

L

v v v l v ll
R a Rδ

=
= = ⋅∑                                (4.13) 

The dependency among layers of SVC videos is already considered in this assignment 

vector av. 

Now we define The average CQI of the vth CS up to time t is evaluated by using the 

exponentially weighted method as  

                                     
  (1 ) ( 1) ( 1) 1
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v v
v

b t b t t
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t
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=  =

                         (4.14) 

where the weighting factor ρ is set as 1/50 to calculate the average real-time CQI [21][22] 

in our experiments, and thus the averaged slot capacity is                                Kbps/slot 

[15], as shown in Table 2.1. This value is instrumental in the task of estimating the 

average slot required when the l th layer are assigned to a CS by the BS. For the video 

with l layers to be uploaded, i.e., the total rate Rv,l, the average number of slots required is 

Gv,l = Rv,l/Cv
avg. For a SVC video, the change of slot demand due to change of video 

layer assignment from l−1 to l is noted as δGv,l = Gv,l − Gv,l-1 and Gv,0 is defined as zero. 

Thus, the average number of slots needed by the vth video can be expressed as: 

( ) 9.6 ( )avg
v vC t b t= ×
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                                             , ,1
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L

v v l v ll
G a Gδ

=
= ⋅∑                                       (4.15) 

In the OFDMA system, the total number of slots available at each OFDMA frame is 

caped at G0 slots. Hence, the radio resource constraints can be represented by (4.16): 

                                    , , 01 1 1

V V L

v v l v lv v l
G a G Gδ

= = =
= ⋅ ≤∑ ∑ ∑                              (4.16) 

Now we define uv,l to be the cumulative video quality gain when up to the lth layer of the 

vth video is successfully uploaded and received by a subscriber on the DL, where uv,l > 

uv,l-1. Note that the uv,l can also be viewed as uv,l(rv) , where rv is the rate assigned to the 

scheduled vth CS. According to [50]-[52], uv(rv) is non-decreasing with respect to rv. Once 

there are V scalable videos, with L layers in each video, to be uplinked to the web 

platforms and distributed by multicasting, the total utility U, reflecting the total 

subscribers' experience or satisfaction for this video, can be expressed as: 

                               
( ), , ,1 1 1

,
V L V

v l v l v l vv l v
N u a UU δ

= = =
⋅ ⋅ ==∑ ∑ ∑                 (4.17) 

where δuv,l = uv,l -uv,l-1 is the video quality gain when the l th layer is uploaded and uv,0 is 

defined as zero; Uv is the long term utility to be generated by vth CS. 

Eqs. (4.16) and (4.17) lead to the following problem formulation: 

P1.  A Long Term Video Layer Assignment Problem 

Given R0, Nv,l , bv , and δuv,l, find the assignment av = [av,l] for all CSs that maximizes the 

total long term utility U defined in (4.17). This can be expressed as 

1
 ,max  

V

vv
UU

=
=∑  
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subject to the constraints in (4.16) and 

                                                 ,1
1 , 1 .

L

v ll
a L v V

=
≤ ≤ ≤ ≤∑                                  (4.18) 

It implies that each CS will be assigned to a designated bit rate, i.e., at least the base layer 

has to be assigned to a CS to ensure the minimum quality for each UL video. The 

solution to P1 is the assignment {av
*} for all V CSs. It will then be substituted into (4.13) 

to calculate the optimal bit rate assignment for each CS as: 

* * *
0 , ,1

a R
L

v v v l v ll
R a Rδ

=
= = ⋅∑  

Further, the video quality assignment, i.e., the targeted video quality, for each CS can be 

noted as: 

                                                  

* *
, ,1

.
L

v v l v ll
u a uδ

=
= ⋅∑                                            (4.19) 

Thus, the targeted utility of each CS can be expressed as 

( )* *
, , ,1

.
L

v v l v l v ll
U N u aδ

=
= ⋅ ⋅∑  

Problem P1 (Eqs. (4.16) and (4.17)) is the classical 0-1 knapsack problem with additional 

constraints described in (4.18), which has the worst case complexity LV.  

 

4.3.b   Real-Time Packet Scheduling for Assigned Video Layers 

 The assignment result av
* above yields an optimal targeted average bit rate 

assignment Rv
* and an optimal targeted utility Uv

* for each CS. The video streams are 

also allocated with Gv
* slots in each OFDMA frame. However, the assignment result does  
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Table 4.1:  List of Notations 

Notation Description 

v Index of a video program 
l Index of a video layer 
L Total number of layers in each video 
Lv Number of video layers allowed to be uploaded   
Nv Total number of subscribers to the vth video  
Nv,l Number of subscriber that will receive vth video up to l th 

layer. C(m) Slot capacity (Kbps/slot) of mth MCS 
bn / bv CQI of a DL subscriber n / UL camera v  
av /av,l Assignment vector/element  

δuv,l utility gain for l th layer in vth video  

δRv,l Payload (Kbps) of l th layer in vth video program 
G0 Total available slots for UL in an OFDMA frame 
Gv Avg. number of slots needed to UL vth video 

Tv,max Tolerable delay for real-time video packet 
 U Total utility value 

 

not bind the CS to any particular slot of any specific SCH (frequency band). Besides, for 

live video streaming, each packet has a deadline (Tv,max) and should be delivered before 

the Tv,max. Otherwise, it will be discarded and resulting in utility degradation. Thus, to 

achieve the targeted Uv
*, an effective packet scheduler is also essential. The objectives of 

real time packet scheduler is to (a) decide which CSs should be scheduled in each 

OFDMA frame, and (b) assign the SCHs and slots to each selected CS such that the real 

time constraints are met, and the average bit rates will be as close to those targeted Rv
* as 

possible so that the Uv
* can be reached and the P1 can thus be comprehensively solved. 

More specifically, in our work, after P1 is solved and the assignment result av
* is obtained, 

the packet scheduler is to reach the targeted Uv
* found in P1 and will not change the 
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determined P1 solution; therefore, the real-time packet scheduling is regarded as a finer 

search for detailed parameters. 

All notifications used are conveniently summarized in Table 4.1. 

4.3.c   DL Resource Management Problem for Layered Video Multicasting 

 In our integrated framework, the DL resource allocation problem has been 

discussed in the section 4.2a. This problem is formulated and optimized by using two key 

steps: 1) optimization on mandatory video base layer and 2) optimization on optional 

video enhancement layers. Please refer to the section 4.2a for more details.  

        To efficiently deal with the optimization task formulated in P1, a systematical cross-

layer algorithm, named Integrated Visual-Quality-Driven (IVQD) Scheduling is proposed, 

as shown in Figure 4.5. This method intelligently considers the interaction between the 

APP and MAC/PHY layers so as to optimize the overall utility and concurrently each UL 

video's quality. Further discussions for IVQD are detailed in the following Section 4.4. 

 
Figure 4.5: The IVQD System: In BS, the IVQD module is for visual quality optimization. In CS, scalable 

video with 4 layers is adopted in this example.  
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4.4   Cross Layer Scheduling and Resource Allocation 

4.4.a   Long-term Uplink Layers Assignment: 

To solve the problem of P1, we first define per-slot utility gain ηv,l as follows: 

                             

, , ,
,

, , 1 ,

; 1  ,v l v l v l
v l

v l v l v l

N u U
l L

G G G

δ δ
η

δ−

⋅
= = ≤ ≤

−
                                (4.20) 

where ηv,l is the unit utility gain when video stream v is assigned with the lth video layer. 

For a video stream, the change of utility value due to change of video layers from l1 to 

l is noted as δUv,l = Nv,l ·δuv,l, and the change of slot demand is δGv,l, as defined in (4.15). 

After incremental unit utility gain ηv,l  is defined, we can rewrite (4.17) as follows: 

                              , , ,1 1

V L

v l v l v lv l
G aU δ η

= =
= ⋅ ⋅∑ ∑                                        (4.21) 

Denote Umax to be the maximum utility that can be achieved with G0 or fewer slots. 

Clearly, the per unit utility gain Umax/G0 will also be the largest. This observation leads to 

the first two steps of the bit rate, i.e., video layer, assignment heuristic algorithm. The 

algorithm proceeds with layer assignment as follows. 

Step 1. Compute and then sort {ηv, l ; 1 ≤ v ≤ V, 1 ≤ l ≤ L } to yield a mapping of index (v, 

l) to an ordered list {(v’(f), l’ (f)); 1 ≤ f ≤F} such that 

( ) ( ) ( ) ( ) ( ) ( )' 1 , ' 1 ' 2 , ' 2 ' , ' ,v l v l v F l Fη η η≥ ≥ ≥⋯  

where f  is the rank index for ordered list and F=V×L. 

Step 2. Set Gu(0) = 0 
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 For f= 1 to F, 

  Compute Gu(f) = Gu(f−1) + δGv’(f),l’( f) 

  If Gu(f) ≤ G0,  

   set  a v’(f),l’( f) = 1  

  Else Gu(f) = Gu(f−1) 

                    J = f - 1 , then break the for loop 

 End for loop 

Step 3.  

 For f* = J+1 to F, 

  
* * 1( ) ( ) ( ), ( )' , ' ' '  If

J

ff f f fv l v lU Uδ δ
=

>∑  

               (i) reset {a v’(f), l’( f)= 0 , Gu(f)=0 ; 1   f  J}  

              (ii) set av’(f* ),l’( f* ) = 1 

             (iii) Redo Steps 1 and 2 for the rest (v, l) with  

                     Gu(0) = δGv’(f* ),l’( f* ) 

 End for loop 

 If Gu(J) < G0, perform Steps 4 and 5. Otherwise, exit. 

With Steps 1 and 2 in this greedy heuristics, each video stream is assigned with the most 

efficient transmission video layer in terms of utility value per slot, starting from the most 

efficient video stream. Note that not all videos may be assigned with enhancement layers. 
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Step 3 guarantees the algorithm performance by preventing any extremely high utility 

video with lower per slot usage from being discarded. 

 On the other hand, there are cases when Gu(J) < G0. Under the circumstances, 

even though each video stream is assigned a bit rate having maximum unit utility gain, 

there might be some slots left. Hence, it is feasible to transmit more layers for some UL 

CSs to maximize the overall utility. To do this, the IVQD applies the OLM, a DL 

multicast algorithm [13], to search the CSs to transmit more layers. 

 For instance, when layer lt of the vt
th video, noted as (vt, lt), is not yet scheduled, 

the current total utility obtained from Steps 1 to 3 is UT. But when (vt, lt) is also put into 

UL scheduling consideration, the total utility may be increased to UT* under the same 

slots constraint. The additional utility gain, defined as UT* –UT > 0, is obtained because 

(vt, lt) may be the layer resulting in higher utility. Note that the OLM is able to create 

higher UT  noted as UT* when given the additional choice of (vt, lt) for the DL scheduling 

selection, since it is able, as  has been proven,  to provide the optimal DL utility when  

more video layers are given. The selection procedures are detailed in Steps 4 and 5. 

Step 4.  

Find each CS's highest scheduled layer obtained from Steps 1 to 3 by 

 Lv(v)={∑ l av, l ; 1 ≤ l ≤ L}. Next, for all non-selected layers (Lv(v) +1), where 

1 ≤ Lv(v)+1 ≤ L, sort{δUv, Lv(v)+1 ; 1 ≤ v ≤ V } to yield a mapping of index v to an ordered 

list {v" (q"); 1 ≤ q" ≤ V}, such that 
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( ) ( ) ( ) ( ) ( ) ( )" 1 " 2 "" 1 ,  ( ) 1 " 2 ,  ( ) 1 " ,  ( ) 1.v v v v v v Vv L v L v V LU U Uδ δ δ+ + +≥ ≥ ≥⋯  

Further, map all scheduled layers from Steps 1 to 3 to a list {(v*(f’ ), l*(f’ )); 1 ≤ f’  ≤ J}. 

Step 5.    

For q" = 1 to V, 

 Find DL layers by OLM, given scheduling selections {(v*(f’ ), l*(f’ )); 1 ≤ f’  ≤J} 

        and (v"(q"), Lv(q")+1) 

       ( ) ( )"" " , ( ) 1 * "( ) , *( "( ))1
If  

v

X

v q L q v f x l f xx
U Uδ δ+ =

>∑
 

  ( ) ( )"" " , ( ) 1 * "( ) , *( "( ))1
Compute  

v

X

v q L q v f x l f xx
G G Gδ δ δ+ =

= −∑  

                         If Gu(J)+δG ≤ G0 

   set av"(q"), Lv(q")+1 = 1. 

                         {a v*(f "(x)), l* (f "(x)) = 0 ; 1 ≤ x ≤ X }  

                               Gu(J) = Gu(J)+δG  

                              J ←J -X+1 

                           Then redo Step 4 and 5.  

  End if 

   End if 

End for loop 

 More specifically, the video layer assignment problem is now solved by searching 

the layers with maximum unit utility gain within the slots constraint. The proposed IVQD 

method improves the uplink video delivery of CSs towards the highest possible DL utility 
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by incorporating the OLM algorithm. Besides, by using the OLM, the integrated system 

can evaluate the number of MSs which can receive a specific layer, i.e. Nv,l, and the value 

of δUv,l based on the feedback information, such as CQI, of DL users. The IVQD 

principle above is summarized in Fig. 4.6. 

 The complexity of IVQD algorithm above can be assessed as: Line 4 and 5 take 

O(Nv) [4] and O(VL) operations respectively. Line 7 has O(VL⋅logVL) operations for 

sorted scheduling in Step 1 and 2. Then, in the Step 3, it may have O(VL) as the highest 

amount of operations. After these steps, the worst case for Step 4 and 5 is O(NvVL) and 

O(VL⋅logVL) respectively. Thus, the overall complexity in Figure 4.6 is MAX{O(Nv), 

O(NvVL),  O(VL), O(VL⋅logVL)} =  O(VL⋅logVL).  It is therefore reasonable to assume that 

the IVQD layer allocation algorithm is suitable for real time implementation. 

1:  Repeat everyεseconds  

2:    Update the channel quality for all V CSs 

3:    for  all eligible (v, l) do  

4:           (i). Use OLM in [13] to evaluate the Nv,l and δUv,l 

5:          (ii). Then find ηv,l. 

6:    end for 

7:  Schedule all (v, l) by using Step 1 to 3 until no available slots subject to layer dependency  

8:        If there are unscheduled layers && Gu(J) < G0 

9:                 Based on Step 4 and 5, find the higher utility by OLM 

10:                 Update the layer assignment results 

11:     end If until all layers are tested 

12: until  end of video session  

Figure 4.6: Pseudo code for video layer assignment in IVQD algorithm. 
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4.4.b   Frame-by-Frame Real-Time Packet Scheduling 

 Once the scheduling of individual video layer is determined from Sec. 4.4.a, the 

video packets associated with the scheduled layer need to be effectively allocated in each 

OFDMA frame. The utility-based priority scheduling for each CS is adopted for 

scheduling packets frame-by-frame. Based on the unit utility gain and the queuing delay, 

the BS scheduler calculates the priority of each CS and serves them according to their 

priority in descending order. The priority function defined is 

                        

, 

, ,

, ,

1
,if ( ) 1 and ( ) 0

( ) 1 ,if ( ) 1  and ( ) 0
0 , otherwise,

v norm

v k v v k

vv k v k

v

U
s F F t b t

t F t b tφ






≥ ≠
= < ≠                (4.22) 

where 

                                 ( ), , , ,1

L

v norm v l v l v ll
U N u a Uδ

=
= ⋅ ⋅∑                                 (4.23) 

and  

                                         ,max( ) ( ( ))v v v sF t T W t T= −                                            (4.24) 

The ,v kφ
 is the priority of the vth CS on kth SCH and Uv,norm is the normalized utility. The 

sv,k=Rv/Cv,k is the estimated slots consumption when CQI is bv,k . Fv is the delay factor 

[3] with Tv,max and Wv denotes the maximum tolerable delay and waiting time respectively. 

Ts is the guard time and usually is the same as the scheduling period. When Fv<1, it 

means the queue in the vth CS has the packet with delay approaching the Tv,max and should 
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be served immediately. This mechanism can effectively decrease the packet loss while 

maintaining the users' satisfaction.  

The steps for packet scheduling are as shown below: 

1. For each UL CS, get the ranking list of priority {φ’ s} for all the K SCHs by using 

(4.22): 

                      11 2 , , 1, ...,  { , ,..., : ... };
Kv K v k v k v VQ k k k φ φ == ≥ ≥             (4.25) 

The φv,k will be deleted from the Qv once there is no available slot for UL video 

transmission in the kth SCH. 

2. Get the highest φ for each CS and defined it as Pv, which is the maximum in Qv  

                              
 1, 2, ...max{ };  

v v v VP Q ==                                    (4.26) 

3. For The CS vsch which has the maximum Pv will be scheduled and allocated to the 

available SCH ksch where: 

                                    ( , )
(   ) arg max{ };,

v

sch sch

v k
v k P=                                        (4.27) 

The instant CQI assigned to vsch at frame t can be shown as 

                                    ,
( ) ( )sch sch schv v k

b bt t=
                                                    

 (4.28) 

This assigned CQI can be mapped to the corresponding MCS m, as shown in Table 4.1, 

and the MCS adopted by CS vsch is thus obtained. The average CQI is updated by (4.14). 
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 In our system, we iteratively schedule the CS and select the assigned SCH along 

with the corresponding MCS by using the step 1, 2, and 3 above in every OFDMA frame 

until no more slots are available or all CSs have been served. 

The complexity of IVQD packet scheduler is assessed as follows: In (4.25), for each CS, 

the priority in (4.22) needs to be evaluated for all K SCHs and these K results in turn need 

to be sorted. Thus (4.25) has O(VK) + O(VK⋅logVK) operations. As regards (4.26) and 

(4.27), both require O(V) operations. So the overall complexity is MAX{O(VK), 

O(VK⋅logVK), O(V)}=  O(VK⋅logVK). It is hence justifiable to apply the proposed 

scheduler to real-time application. 

 

4.5   Simulation and Performance Comparison 

4.5.a   Utility-Driven Greedy Algorithm 

The performance of the proposed IVQD algorithm is evaluated through extensive 

simulations. Specifically, the performance of IVQD algorithm and a baseline Utility-

Driven Greedy algorithm [16][17] are compared over a number of different scenarios. 

More details about Utility-Driven Greedy have been already introduced in Sec. 3.5.a. To 

validate the near-optimal performance of the IVQD algorithm, exact globally optimal 

solution will be computed using exhaustive search. 
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4.5.b   Simulation Configuration 

 In this paper, the simulations are performed according to [20][27]. The simulated 

WCN includes two WiMAX cells, with a BS for uplink and the other for downlink. Each 

BS is set in the center of its cell and the connected UL CSs and DL MSs are uniformly 

distributed within their cells. The channel propagation loss is estimated based on the 

COST 231 sub-urban model and the small scale fading effect is measured employing the 

ITU Vehicular A multipath model [27]. Our simulated system is set to work on a 10 MHz 

band with a 5ms OFDMA frame [27]. For UL transmission, the band-AMC permutation 

mode [20] is adopted. In the DL cell, the PUSC mode is used for video multicast. The 

configuration for the system parameters in the simulation are summarized in Table 3.2, 

and the parameters of OFDMA band-AMC and PUSC mode are shown in Table 3.3 and 

Table 4.2 respectively. 

Table 4.2:  PUSC OFDMA Parameters 

Parameters Value 

Permutation mode PUSC 
FFT size 1024 
Sub-carrier frequency spacing ( f ) 10.94 kHz 
Useful Symbol Time (Tb = 1/f ) 91.4µs 
Guard time (Tg = Tb /8 ) 11.4 µs 
OFDMA Symbol Duration (Tg = Tb + Tg ) 102.9 µs 
Frame duration ( tfr )  5 ms 

Band-AMC Mode 
Null sub-carriers 184 
Pilot sub-carriers 120 
Data sub-carriers 720 
Number of Sub-carrier per cluster 24 data + 4 pilot 
Number of clusters per slot 2 

 



83 

 

 UL scenario: A cell with 6 uniformly distributed UL CSs is considered. Each CS 

provides a live video, which is SVC coded with L = 4 layers (1 base + 3 enhancement 

layers), and the corresponding utility gain for 4 different layers are set as δuv,l ={0.5, 0.25, 

0.15 0.1}. Each layer has an identical rate δRv,l = 250 Kbps for all v and l. Thus, each 

video consumes an aggregate rate of 1 Mbps. Further, the maximum latency of Tv,max = 

50 ms queuing, defined in (4.24), for each UL packet is used to determine packet loss. 

 There are three UL algorithms to be compared: 1) the Exhaustive search for 

globally optimal solution, 2) the proposed IVQD method, and 3) the Utility-driven 

Greedy algorithm. Each method needs to decide the number of uploaded layer for the vth 

video, i.e., Lv. On the DL, the utility produced by each video is feedback to each UL CS 

every 5 secs [16] and treated as the resource allocation indicator. 

 To evaluate the users’ satisfaction by each UL algorithm, we compare their total 

utility and the normalized utility produced by all CSs under two different amounts of 

resource reserved for UL video aggregations: a) 154 slots and b) 132 slots. The case of (b) 

represents a situation where the resources are scarce in view of the size of the payload. 

 DL scenario: On the DL, the OLM is applied to obtain the optimal multicast 

utility [13]. Further, 6 UL videos are requested by groups of MSs, with the number of 

multicast subscribers for each UL video being Nv = [100, 90, 80, 60, 40, 20]. Besides, 330 

slots are reserved for DL videos per OFDMA frame.  
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Table 4.3: The average utility value in 20 secs.  Nv = [100, 90, 80, 60, 40, 20] 

 G0=132 G0=154 
 Utility  Utility  
Exhaustive 360.0156 368.54 

IVQD 360.0078 364.17 
Greedy 327.96 355.93 

Table 4.4: The average utility value every 5 secs by each method and 20 secs overall. Stage 1 = 0~5 sec, 
Stage 2 = 6 ~ 10 sec and so on. Nv = [100, 90, 80, 60, 40, 20] 

 G0=132 
 Stage1 Stage2 Stage3 Stage4 
Exhaustive  362.64 358.93 358.83 359.66 

IVQD  362.64 358.90 358.83 359.66 
Greedy 322.85 328.19 329.80 330.995 

 

Table 4.5: The average utility value every 5 secs by each method and 20 secs overall. Stage 1 = 0~5 sec, 
Stage 2 = 6 ~ 10 sec and so on. Nv = [100, 90, 80, 60, 40, 20] 

 G0=154 
 Stage1 Stage2 Stage3 Stage4 
Exhaustive  368.69 367.60 368.61 369.22 

IVQD 368.60 362.59 362.43 363.05 
Greedy 348.59 354.38 359.15 361.58 

 

4.5.c   Simulation Results 

 The experiment results for the overall system performance are summarized in 

Table 4.2, 4.3, and 4.4. Each entry in Table 4.2 displays the mean of utility values over 

20 seconds, and that of every 5 seconds in Table 4.3 and 4.4. It can be seen that, 

compared with the optimal value by exhaustive method, the total utility by proposed 

algorithm is very close to the optimal utility in these tables, especially when G0 =132. It 

further demonstrates that the resource usage efficiency needs to be considered while 

searching for the solution of the optimal system performance. 
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(a).                                                                              (b). 

Figure 4.7: (a). Normalized utility of each CS when (a) G0=132. (b) G0= 154. 

 In addition to the total utility created by each method, we are also interested in the 

utiltiy of each video. Figure 4.7 shows the comparison of each individual CS operated by 

optimal, IVQD, and Greedy algorithms separately. The normalized utility is used to 

reflect the obtained satisfaction from the subscribers of a specific video, i.e., 

                                              , , ,1 1

Lv L

v v l v l v l vl l
U u N u N

= =
=∑ ∑                                   (4.29) 

 This is the ratio of the expected utility gain when the Lv video layers are 

scheduled to the maximum possible utility when all L video layers are scheduled. Figure 

4.8 and 4.9 also show the cumulative utility over time for the most popular video (CS1) 

and the least popular video (CS6). Compared with the Greedy method, the IVQD 

algorithm provides higher utility for the more popular videos (such as CS1-CS4). For the  

less popular videos (such as CS5-CS6), IVQD guarantees its basic utility and prevents 

quality downgrading due to the change of scheduling decision or channel fading. The 

situations are identical in both radio resource budget scenarios. 
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(a).                                                                              (b). 

Figure 4.8: Utility generated by (a). CS1 (b). CS6 using 3 methods . G0= 132 
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(a).                                                                              (b). 

Figure 4.9: Utility generated by (a). CS1 (b). CS6 using 3 methods. G0= 154. 

 

 Figures 4.10(a) and 4.10(b) further show respectively the packet loss rate of CS1 

and CS6 by the three methods. Compared with the Utility Greedy scheme, Figures 4.9(a) 

and (b) show that, even when the available resource is reduced, the IVQD still maintains 

good performance on loss rate for each CS. 
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(a).                                                                              (b). 

Figure 4.10: Packet loss rate of 2 methods on   (a). CS1 and (b). CS6 when G0= 132. 
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Chapter 5 – Conclusion and Future Works 

       In this dissertation, we comprehensively proposed a novel and effective cross-

layer scheduling and resource allocation algorithm for real-time video camera networks 

over the OFDMA-based wireless infrastructure. The scenarios including real-time unicast 

video uplinking, layered video multicasting, and video transmission in an integrated UL 

and DL system are all investigated within two major applications of our research: real-

time surveillance video UL delivery and user-generated video transmission, from video 

content generators to subscribers, through the UL and DL integrated systems.  

              For the real-time surveillance video system, we are proposing a novel VQD 

algorithm that yields near-optimal solutions to both the long term bit rate assignment and 

the real-time packet scheduling for the uplink wireless multimedia system over the 

mobile network of next generation. This method determines the most appropriate video 

encoding rate for all videos by considering each CS's utility, reflecting the video 

perceived quality along with the importance of video content, and the channel quality. 

Further, the packet scheduler proposed in VQD solution, considering each CS's average 

received rate, HOL delay, instantaneous CQI, and unit utility gain and incorporating with 

a efficient resource allocation policy to determine the number of slots to be assigned, is 

applied to select best set of CSs uploading their video packets in each OFDMA frame. It 

is also shown to be capable of exploiting the inherent diversity gain due to wireless 

channel variation.  

 For the integrated system, in view of rapid fluctuating channel conditions for UL 

CSs and DL subscribers, the proposed IVQD algorithm adopts layer-encoded video 
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technology to facilitate more flexible and robust data rate adaptation. On the DL side, 

IVQD algorithm employs the OLM scheduling, a previously proposed video multicast 

algorithm, to optimize the DL performance. For each video layer successfully uplinked, 

the OLM selects the best subset of MSs to receive this layer to maximize the total utility 

and assigns the most efficient MCS to transmit the data.  

 The IVQD algorithm determines the number of video layers to be uploaded by 

jointly considering each UL CS's channel quality and the video perceived quality from all 

DL subscribers. To obtain the best set of video layers optimizing the total utility, it 

combines with the OLM method to further search adequate UL CSs to transmit more 

layers under the resource constraint. To optimize the real-time UL scheduling, the IVQD 

also proposed a packet scheduler, considering each CS's HOL delay, instantaneous CQI, 

to select best set of CSs uploading their video packets in each OFDMA frame. Besides, to 

apply the IVQD method to the real system, we further use the OLM to estimate the 

possible number of receivers and potential utility to be generated for each video layer 

based on all DL MSs' latest CQI feedback. 

 The simulation results indicate that both VQD and IVQD are able to deliver 

superior performances in a good many aspects, including higher spectrum efficiency and 

throughput, much lower packet loss, more stable video quality, higher enhanced utility, 

etc. as compared with the baseline methods. This proposed system can be applied to 

various real-time monitoring scenarios and is readily applicable to any OFDMA 4G 

technologies, such as WiMAX and LTE. 
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       In view of the practical limitations of feedback resource for mobile uplink systems, 

we presented the packet schedulers using only the allowable number of the actual 

feedback information from CSs, such as HOL and bandwidth request, in the OFDMA 

systems. The first future work is to apply the proposed scheduler to LTE type of networks, 

which use SC-FDMA in the uplinking, and will require different radio resource allocation 

policy. Further extension of this work resides in adopting more information from videos, 

such as the type of video frame, to adjust the scheduling priority, e.g., the I-frame packets 

in a higher weighted CS should have the higher priority than P-frame packets of others. 

In addition, the design for scheduler in mobile CS, allocating the bandwidth required 

from a BS to adequate packets in its queue for uploading, should be worth investigating 

as well. 

     Moreover, to efficiently deliver the multimedia content to multiple destinations, the 

3GPP LTE has also introduced the Multimedia Broadcast/Multicast Service (MBMS) as 

a mean to broadcast and multicast information to 3G and 4G users. However, its 

performance is still restricted by the following factors: 

       1) The performance of user terminals (UEs) at the overlapping cellular regions could 

be effected by destructive interferences (i.e., Inter-Symbol Interference (ISI)).  

       2) The performance of a MS gradually degrades as it moves away from the BS.  

      MBSFN (MBMS over a Single Frequency Network) has therefore been proposed for  

LTE [69] to improve the performance of MBMS. In the MBSFN technology, all the BSs 

transmit the same signal at the same time and over the same frequency channel to users. 

As a result, the BSs are required to be tightly time-synchronized. In this case, the 
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transmissions received from multiple cells will, as seen from the UE, appear as a single 

transmission subject to severe multipath propagation. It thus overcomes the two 

mentioned shortcomings of MBMS by transforming destructive interference to 

constructive interferences [70][71][72] and potentially enhances quality of mobile video 

service over OFDMA-based 4G networks [45]. Therefore, a natural continuation for 

OLM algorithm should be applying it to the MBSFN structure, which will require new 

criterion for MCS selection and FEC configuration. 
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Appendix A:  Proof of Theorems in Chapter 3 

A1 : Proof of Theorem 1 in Chapter 3 

Denote {(δU( f ), δG( f )); 1 ≤ f ≤ F=V×L } to be the utility-resource pairs evaluated from 

all eligible (v, l) by Step1 of VQD method, where f is the rank index reflecting the sorted 

results of all ηv,l in descending order, i.e. δU(1)/δG(1)> δU(2)/δG(2)>…>δU(F)/δG(F). 

Suppose J items are scheduled in total by Step 2 and assume  

                               δU(1)/δG(1) > δU(2)/δG(2) > … > δU(J)/δG(J) > δU(J+1)/δG(J+1). 

The index J+1 represents the first item not be selected due to insufficient slots, which 

means the following condition holds,  

                              
( 1) ( )

0 1
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Assume the OPT is the global optimal solution for P1, then  
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since the LHS has the largest unit utility gain.  Denotes the solution obtained from VQD 

as OPTVQD. The performance of VQD algorithm can be demonstrated in two phases: 

Phase-I: In Step3, if an item f* with the highest δU(f*) results in 
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where J+1≤ f*≤ F, OPTVQD, can be expressed as  
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where f ’ and J ’ is respectively the index of sorted result and the number of items 

scheduled after f*  is scheduled.  
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Since                               and δU(f*) ≥δU(J+1), from (A.2), one has 

                        
( ) ( 1) ( *) ( *) ( *)

1
2 .J f J f f f
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Substituting (A.3) to above, we conclude                                   
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                   (A.4) 

This immediately implies OPTVQD ≥ (1/2) OPT in Phase-I. 

Phase-II : If there is no item f* with highest δU(f*) , i.e. Step 3 is not triggered and , 

                        by Step 4 and 5, we obtain                                                  
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where {δU(f” ) >δU(i): 1≤ i ≤ J, J+1≤ f” ≤ F}.  

Since                             , (A.2) becomes 
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Substituting (A.5) into equation above we have 
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         (A.6) 

This immediately leads to OPTVQD ≥ (1/2) OPT in Phase-II , and (A.4) and (A.6) 

complete the proof of Theorem 1. ■ 
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A2 : Proof of Theorem 2 in Chapter 3 

For 1 ≤ f ≤ J, δU(f)/δG(f) > δU(J+1)/δG(J+1). Therefore,  
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By applying (A.1), this inequation can be simplified as 
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Since for all f, δG (f)≤ εG0, it follows from (A.7) that   

(1) ( )( 1) (1) (2) ( 1) ( ... )
1
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−
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By using (A.2), it can be easily deduced that 

        
(1) (2) ( )( ... ) (1 ) .JU U U OPTδ δ δ ε+ + + ≥ − ⋅                            (A.8) 

Recall that in (A.3) and (A.5), we already know that OPTVQD ≥ δU(1)+δU(2)+…+δU(J) and 

applying it to (A.7). This completes the proof. It thus indicates that the OPTVQD is 

extremely close to the OPT since the δG is very small as compared with the total UL 

slots G0. ■ 
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