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Abstract 
 

Due to the scarcity of wireless resources, efficient resource allocation is essential to the 
success of cellular systems. With the proliferation of bandwidth-hungry multimedia 
applications with diverse traffic characteristics and quality of service requirements, the 
resource management is becoming particularly challenging. In this thesis, we address 
some of the key link-layer resource allocation mechanisms that affect the performance 
of video streaming in cellular systems: bit-rate allocation, opportunistic scheduling, and 
statistical multiplexing. The bit-rate allocation problem involves the distortion-optimal 
assignment of source, channel, and pilot data rates under link capacity constraints. We 
derive an analytical model that captures the video distortion as a function of these data 
rates and, based on it, we study various bit-rate allocation strategies. The opportunistic 
scheduling problem addresses the throughput-optimal assignment of time-slots among 
users with diverse channel conditions under certain fairness constraints. We focus on 
two aspects of the opportunistic scheduling: the performance of delay-constrained 
streaming applications and possible extensions of the opportunistic concepts to 
multicast scenarios. Finally, the statistical multiplexing is a resource-efficient method 
for smoothing out the extreme burstiness of video streams. We study possible statistical 
multiplexing gains of H.264 video streams in the context of E-MBMS architecture. 
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1. Introduction 
 
Resource allocation in cellular networks involves strategies and algorithms for 

controlling parameters such as frequency bands, transmit power, as well as channel 
coding and channel access schemes. The ultimate objective is to maximize the 
utilization of the radio spectrum and the network infrastructure under the constraint that 
grade of service should be above a certain level or that a certain fairness criteria should 
be fulfilled. Traditionally, cellular networks were designed to support voice traffic and 
elastic services. Supporting multimedia services with diverse bit-rates and quality 
constraints places more demanding requirements on the resource management. To keep 
up with the demands, technological solutions employed in cellular networks are 
becoming more and more sophisticated (multiple antennas, adaptive modulation and 
coding, hybrid-ARQ), which allows advanced solutions to the resource allocation 
problems. 

Resource allocation functions are typically classified according to the time scale on 
which they are executed. Static functions include frequency allocation/planning and 
deployment of base stations, for instance. A much larger set of parameters requires 
dynamic allocation due to the nature of mobile cellular systems. Dynamism arises from 
multiple dimensions: propagation conditions, user population, traffic patterns, and 
quality of service requirements. Examples of dynamic functions are power control, link 
adaptation, dynamic channel allocation, admission control, and channel-dependant 
scheduling. Very often they are not subjected to standardization, so they become a 
matter of distinction among manufacturers and providers. 

In this thesis, we address three resource allocation problems for wireless video 
streaming: bit-rate allocation, opportunistic scheduling, and statistical multiplexing 
(channel allocation). These are some of the link-layer mechanisms that are becoming 
even more important with the current trend of shifting the traffic to shared channels, 
which provide better spectral efficiency compared to dedicated channels. In addition to 
providing high utilization, the mechanism should be optimized to provide a degree of 
fairness among competing flows, and robustness to varying radio conditions. Given the 
absence of power control mechanisms in many high-speed downlink technologies, the 
packet scheduling is becoming the main mechanism of fast resource allocation and 
therefore it is given special attention in this thesis. The main challenges in designing the 
resource sharing strategies for video streaming come from relatively stringent delay-
requirements and from difficulties in relating the user experience to link-layer 
performance measures in a simple and tractable manner. 

The thesis is organized as follows: An overview of source-channel bit allocation 
problem and solutions proposed in literature is provided in Section 2. In Section 3, we 
describe basic principles behind the opportunistic scheduling and the well-known 
proportional fair scheduler. An architecture for statistical multiplexing of video streams 
in E-MBMS is presented in Section 4. A summary of the original work published in the 
context of this thesis is provided in Section 5. Conclusions and pointers to some open 
issues and possible future work are given in Section 6. Finally, the published papers are 
in the appendices of the thesis. 
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2. Bit-rate allocation for wireless video streaming 
 
With the rapid growth of multimedia content in wireless communication, there is an 

increasing demand for reliable video transmission systems. It is difficult to provide 
reliable transmission over wireless links due to channel noise and occasional variations 
in the signal strength caused by fading and shadowing. The development of error 
resilient approaches for increasing the robustness of the multimedia data to transmission 
errors is a topic of utmost importance. Automatic repeat request (ARQ) error control 
techniques have been shown to be effective and have been successfully applied in many 
cases. However, retransmission of corrupted frames introduces additional delay, which 
might be unacceptable for real-time multimedia. Forward error correction (FEC) has 
been commonly suggested for real-time applications due to strict time constraints and 
the error-tolerance of media streams. FEC comes at the price of a reduced source rate in 
a capacity constrained situation. The level of protection and, hence, the amount of 
redundancy that must be added into the stream, needs to be adapted to the current 
channel conditions.  

The conventional approach to this problem has assumed independent design of the 
source and channel coders. This approach is mainly due to the famous separation 
theorem by Shannon [1], which states that source coding and channel coding can, 
asymptotically with the length of the source data, be designed separately without any 
loss of performance. The separation theory greatly reduces the complexities of a 
practical system design. It led to major advances on source coding (e.g. MPEG-4 and 
H.264 video coding standards) and to the design of powerful channel codes (e.g. Reed-
Solomon, Turbo, and LDPC codes). However, the separation theorem relies on some 
assumptions (infinite length codes, unbounded delay and complexity) that are not 
satisfied in real communication scenarios, e.g. in the delay-constrained real-time 
multimedia delivery. Systems designed based on the separation theorem are not robust 
to variations in channel quality: they tend to break down when the bit-error rate 
increases above the error correction capability of the channel code. Joint source-channel 
coding (JSCC) has emerged as a promising concept and a topic of numerous research 
efforts. This is a rather loose label that encompasses all coding techniques where the 
source and channel coders are not entirely separated. Typically, the JSCC techniques are 
classified into sequential, which first allocate bits between source and channel coding, 
and then optimize the source coding given the bit budget, and integrated, which 
optimize both the bit allocation and source coding in a single step An overview of 
various JSCC methods is provided in [2].  

In the case of video streaming, most of the JSCC work to date has focused on 
distortion-optimal bit-rate allocation between source and channel coding; the distortion 
is contributed from both the source encoder (mainly due to quantization) and residual 
transmission errors after channel decoding. Some examples of previous research efforts 
to address this problem can be found in [3]-[14]. Trade-off between source and channel 
coding for vector quantizers has been studied from a theoretical standpoint in [3]. A bit-
rate allocation methodology based on the use of operational distortion-rate 
characteristics (curves that indicate the sensitivity of video coder to channel errors) is 
presented in [4]. With highly scalable video compression schemes, such as MPEG-4 



 3 

FGS (Fine Granular Scalability), there is no need to change the source coding algorithm 
as the channel conditions change. An algorithm that distributes the available source and 
channel coding bits among the subbands of a scalable video encoder is described in [5]. 
In [6], the authors present an optimal rate selection algorithm for application layer FEC 
in a wireless channel. Error resilient source coding, channel coding, and error 
concealment are jointly considered in an integrated manner in [7]. Typically, not all 
parts of a video stream have the same importance; unequal error protection can be used 
to protect them with different strengths. To decide how many FEC codes we should 
allocate to different part of a video bit-stream is a challenging task and it has been 
addressed in [8]. Other examples of JSCC for video streaming can be found in [9]-[15]. 

In order to be able to design distortion-optimal JSCC schemes for real-time video, it 
is necessary to estimate the distortion at different source coding rates and channel 
coding conditions in real time. Because of the limited CPU capabilities of mobile 
devices, the distortion estimation process must not be computationally intensive for the 
optimization scheme to be practical. Algorithms such as the recursive optimal per-pixel 
estimate (ROPE) have been proposed for that purpose [16]. 

In addition to the source and channel coding, the bit-rate allocation problem may 
encompass other mechanisms that require a fraction of channel capacity and that need to 
be adapted to varying channel conditions. For instance, in wireless channels, the bit 
error rate depends greatly on the channel estimation error. Channel estimation 
mechanisms usually use pilot symbols multiplexed into the data stream and hence 
require a fraction of the available transmission rate in order to estimate the channel. 
Therefore, in addition to the trade-off between source and channel bits, the bit-rate 
allocation problem can be extended to distortion-optimal assignment of source, channel, 
and pilot rates (Fig. 1).  

 

 
Fig. 1. An example of a video transmission system: Rs, Rc, and Rp indicate source, channel, and 

pilot data rates. 
 
In paper A of this thesis, we present a structural distortion model for the video 

transmission system illustrated in Fig. 1. The model captures the distortion introduced 
by quantization at the encoder (source distortion) and by transmission errors in the 
channel (channel distortion) as a function of source, channel, and pilot data rates. Using 
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the model, we study trade-offs associated with different bit-rate allocation strategies. On 
an example of a Rayleigh fading channel, we show how the bit-rates can be allocated to 
ensure graceful degradation of video quality as the channel conditions vary. Our goal is 
to give an insight into the problems that need to be dealt with when designing a 
practical bit-rate allocation protocol rather than to propose one. Our contributions in the 
area of bit-rate allocation for video streaming are summarized in Section 5.1. 
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3. Opportunistic scheduling in cellular networks 
 
The wireless channel is imperfect and may render communication impossible for 

non-negligible periods of time. Variations in channel quality occur on various time-
scales due to small-scale fading, shadowing, and propagation loss. This distinguishes 
wireless scheduling from traditional wireline scheduling. Frequent fluctuations in 
channel quality give raise to multiuser diversity: There is a good chance that, at any 
scheduling interval, there is at least one user in a cell with favorable channel conditions. 
By scheduling that user and delaying transmissions to other users until their channel 
conditions improve, the throughput in the cell is maximized. This is the basic principle 
behind opportunistic (channel-aware) scheduling. There are several prerequisites to this 
type of scheduling: channel state information needs to be available at the base station, 
the scheduling interval should be fairly short to allow timely reactions to varying 
channel conditions, and the base station should be able to adapt the transmission rate to 
those conditions using power control or adaptive modulation and coding.  

The throughput gain of opportunistic scheduling depends on channel statistics, the 
number of users in a cell, and their service demands. It also depends on the time-window 
over which the channel variations are exploited. The gain is maximized if, at each 
scheduling interval, a user with the best signal-to-noise (SNR) ratio is selected for 
transmission. This is so-called max-C/I (Carrier-to-Interference) scheduler. Clearly, this 
scheduler may starve users that are further away from the base station or in a deep fade 
for a prolonged period of time. To avoid this, SNR is often normalized by the average 
SNR, which is calculated over a number of previous scheduling intervals; the number 
corresponds to the time-window. The scheduling decision is based on the normalized 
SNR. This guarantees that each user will be eventually scheduled, even if it suffers from 
unfavorable channel conditions. The average packet delay introduced by the scheduler 
is proportional to the time-window. An opportunistic scheduler with the time-window 
equal to one is equivalent to the round-robin scheduler and its throughput gain is zero. 
A scheduler with an infinitely large time-window corresponds to the max C/I scheduler.  

The major challenge when scheduling delay-sensitive traffic, as in the case of video 
streaming, is to choose a time-widow that provides an optimal balance between the 
throughput gain and the packet delay. Several delay/streaming-aware extensions of the 
basic opportunistic scheme have been proposed and evaluated in the literature [17]-[20]. 
In addition to delay-constraints, some approaches take into account the frame structure 
of video streams, e.g. by giving priority to reference frames [21]. Application-aware 
schedulers however require sophisticated service differentiation mechanisms to be 
deployed at the link layer. 

 
3.1  Proportional fair scheduling 

 
The proportional fair (PF) scheduler is the most common opportunistic scheduler in 

cellular systems [22]. It has been implemented in 1xEV-DO/IS-856 and High-Speed 
Downlink Packet Access (HSDPA) and it is proposed for 3GPP Long-Term Evolution 
(LTE). The PF scheduler has received considerable attention in the research community 
(see [23] and references therein). It has been shown that, among all scheduling 
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strategies, PF maximizes the product of throughputs provided to different users (the set 
of achieved throughputs is proportionally fair). Hence, the PF is not a heuristic 
algorithm; it corresponds to the solution of a concrete optimization problem [24]. 

Suppose that there are N users in the cell and )(kRi  is the achievable rate for user i 
at the transmission interval k, which depends on the user’s current channel conditions 
(SNR). Then, according to the proportional fair scheduling policy, user },...,1{ NJ k ∈  
is chosen for transmission in time-slot k if: 
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where tc is the memory of the averaging filter, which correspond to what we call the 
time-window. Thus, the algorithm schedules a user when its instantaneous channel 
quality is relatively high compared to its own average channel conditions over the time-
scale tc. By choosing the time-window tc, it is possible to tune the PF scheduler to 
exploit the multi-user diversity more or less aggressively and, therefore, trade the cell 
throughput for shorter packet delay and vice versa.  

In this thesis, we focus on two aspects of the proportional fair scheduling: the 
performance of streaming applications and possible extensions of the concept to 
multicast scenarios. For streaming applications, the delay introduced by the PF 
scheduler may starve clients’ playout buffers and trigger re-buffering events during 
which the playout of contents freezes. Using simulations, we measured the re-buffering 
delays for various time-window settings, traffic, and channel conditions. For multicast 
applications, we formulated a scheduling algorithm that ensures proportional fairness 
both within and among multicast groups. We further extended the algorithm to include 
resource fairness constraints. Our contributions in the area of proportional fair 
scheduling are summarized in Sections 5.2 and 5.3 and fully described in papers B and 
C of this thesis.  
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4. Statistical multiplexing of video streams 
 
Video traffic is inherently bursty, which poses a big challenge for efficient use of 

scarce resources in mobile networks. For instance, recent H.264/AVC video coding 
standard, which is the preferred choice for mobile streaming applications because of its 
compression efficiency, produces traffic which is extremely bursty over a wide range of 
time scales [25]. In order to avoid the waste of resources by allocating the transmission 
resources according to the peak rate, various techniques have been developed to smooth 
out the burstiness in the video streams. Rate control mechanisms in the encoder, for 
instance, may ensure that the bit-rate of a video stream complies with channel 
parameters (transmission rate, buffer capacity), but they produce a lower quality video 
compared to the variable bit-rate encoding of the same average bit-rate. Link buffering 
may smooth out the short-term rate variations, but it introduces delay, which might be 
unacceptable for applications such as mobile TV because of the requirement that 
maximum switching time between different TV streams should be fairly short (< 1s). A 
number of smoothing algorithms have been developed to prefetch the data based on the 
feedback from the playout buffer at the client. This way the server can send large frames 
at a slower rate without disrupting the playout. These algorithms are not applicable in 
the case of multicast/broadcast applications because of the lack of client feedback.  

A viable smoothing technique in the case of multicast/broadcast applications, such as 
the mobile TV, is to statistically multiplex streams that are destined for the same service 
area. By multiplexing the streams on a shared resource, considerable multiplexing gains 
can be obtained [26]-[34]. In the following section, we focus on some implementational 
aspects of the multiplexing function in E-MBMS. 

 
4.1  Statistical multiplexing in E-MBMS 

 
Standardization bodies of 3GPP have recently decided that the evolution of 

Multimedia Broadcast Multicast Service (E-MBMS) shall support the mapping of 
multiple video streams on the same multicast channel (MCH) [35]. The typical 
application scenario for the multiplexing of video streams is mobile TV delivery in 
MBMS Single-Frequency Networks (MBSFNs). MBSFN is a new feature introduced in 
3GPP LTE (Long Term Evolution) specifications, which enables multicast/broadcast 
from a time-synchronized set of eNBs (base stations) using the same block of 
subcarriers in the frequency domain. This enables soft combining at the receiver and 
thus, it improves the Signal-to-Interference-plus-Noise-Ratio (SINR) significantly 
compared to non-SFN operation. A conceptual architecture of E-MBMS is show in Fig. 
2. Multicast/Broadcast Service Center (BM-SC) is an MBMS node responsible for 
service announcements, session management, and content delivery to the MBMS 
gateway (MBMS-GW). The BM-SC knows the service area and possibly traffic 
characteristics of each stream and therefore can decide which streams can be 
multiplexed together. Multiplexed streams should have the same service area. MBMS-
GW is responsible for distributing the traffic: it ensures that the same content is sent to 
all the eNBs. The Multicast Coordination Entity (MCE) is a control plane unit that 
ensures that the same block of resources is allocated for the bundle across all the eNBs. 
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Resource requirements of video streams that constitute a bundle to be mapped on a 
MCH are known to the MBMS-GW. The gateway notifies the MCE about those 
requirements so that the resources for the MCH can be allocated at the eNBs. In OFDM, 
the allocated resource block can be represented as a two-dimensional matrix that 
contains a number of subcarriers in frequency and a number of subframes in time 
domain. Most likely, the resource block for a MCH will be allocated semi-statically, i.e. 
re-allocations may take place only when a new stream joins or leaves the bundle [36]. 
Fully dynamic allocation would require excessive signaling between the gateway, MCE, 
and eNBs; feasibility of this approach is an open issue.  

 

Encoder

Encoder

Encoder

Encoder

BM-SC MBMS-GW

eNB

eNB

eNB

MCEEncoder
coordination

 
Fig. 2. Building blocks of a processing chain for video multiplexing in E-MBMS. 

 
The semi-statically allocated MCH channels are multiplexed in time within a 

scheduling interval. Each MCH may belong to a different SFN area. Streams of a 
bundle, which are mapped to the same MCH channel, are dynamically multiplexed both 
in time and in frequency (Fig. 3). The SYNC protocol guarantees that all eNBs of an 
MBSFN area have the same data of a certain video stream available for transmission. 
The dynamical multiplexing scheme in the eNBs should follow standardized rules to 
ensure that identical resource allocation patterns within an MCH are used in all eNBs. 
Each eNB should notify the mobile terminals about the chosen resource allocation 

 
Fig. 3. Semi-static resource allocation for MCHs and dynamical multiplexing of video 

streams within the MCHs. 
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pattern. Therefore, a user is not required to receive all subframes/subcarriers of an 
MCH, but only those that contain the stream of interest, e.g. the TV channel that the 
user is tuned-in to. This is important from the point of power efficiency; otherwise, 
terminals would have to receive the whole resource block allocated to the MCH. 

In paper D of this thesis, we evaluate the statistical multiplexing gains of H.264/AVC 
video in the context of the described E-MBMS architecture. The evaluation is based on 
experiments with a set of video sequences that we collected. We consider both semi-
static and dynamic allocations of the multicast channel. Mechanisms are needed to 
ensure that the bit-rate requirements of the bundle do nor exceed the bit-rate of the 
allocated channel. This can be achieved by coordinated encoding of multiplexed video 
streams. If the encoder coordination is not possible, some video frames may need to be 
dropped at the eNBs. We consider both cases. The gains are measured relative to the 
case where rate-controlled streams are delivered on individual transport channels. Our 
contributions are summarized in Section 5.4. 
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5. Summary of original work 
 

5.1  Paper A: Trade-Offs in Bit-Rate Allocation for Wireless Video 
Streaming 

 
Summary: One of the central problems in video transmission over lossy channels is 

the choice of source and channel coding rates to allocate the available transmission rate 
optimally. In fast fading channels, the bit error rate and, hence, video distortion depend 
greatly on the channel estimation error in the receiver. Channel estimation mechanisms 
usually use pilot symbols multiplexed into the data stream and hence require a fraction 
of the available transmission rate. Therefore, in addition to the trade-off between source 
and channel bits, we extend the bit-rate allocation problem to distortion-optimal 
assignment of source, channel, and pilot rates. We present a structural distortion model 
for video streaming over time-varying fading channels, where distortion is measured in 
the terms of structural similarity. Based on this model we study the average video 
distortion for various bit-rate allocation strategies and channel conditions. An efficient 
bit-rate allocation strategy should provide graceful performance fluctuations as the 
channel conditions change with time.  

 
Contribution: The model presented in the paper is particularly suitable for fast 

fading channels because it includes the channel estimation, which is not the case with 
other models that can be found in the literature. Also, we use a perceptual distortion 
measure based on structural similarity, which has been shown to correspond better to 
the human perception of video quality than commonly used mean-square error. Based 
on the presented model we studied the effect of different bit-rate allocation strategies on 
the video distortion. We demonstrate that a simple bit-rate allocation strategy, which 
aims to minimize current distortion for each update period, is not optimal in terms of 
time-averaged distortion. System robustness is crucial for the streaming performance 
when frequent allocation updates are not feasible. It is shown how it can be achieved at 
the expense of higher source distortion in the encoder. 

 
 

A version of this paper has been published (with Gunnar Karlsson as a co-author) in the 
Proceedings of ACM International Symposium on Modeling, Analysis and Simulation of 
Wireless and Mobile Systems (MSWIM), Montreal, Canada, October 2005. 

 
 

5.2  Paper B: Video Streaming in 3.5G: On Throughput-Delay 
Performance of Proportional Fair Scheduling 

 
Summary: In this paper, we study the performance of the proportional fair 

scheduler, which has been proposed for the emerging 3.5G radio access systems. It 
maximizes the spectral efficiency of the systems, which is a strong incentive for 
network providers to use it. It falls within a broader class of opportunistic schedulers, 
which exploit the channel fluctuations by scheduling the users with favorable channel 
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conditions and delaying the transmission of users with weak channels. Our goal is to 
investigate how the proportional fair scheduling affects the performance of delay-
sensitive streaming users. Focus is on the throughput-delay trade-offs associated with 
video streaming over HSDPA. Special attention is devoted to defining appropriate 
performance measures and creating a realistic simulation environment. Our results 
indicate that the opportunistic scheduling may face difficulties in providing the user-
level performance in cases where streaming flows constitute a significant share of the 
traffic load. 

 
Contribution: Playout buffering at the receiver makes the streaming applications, to 

a certain degree, resistant to latency and jitter. However, it also makes the streaming 
performance dependent on detailed rate statistics and traffic characteristics of the 
system, which makes the exact analysis rather involved. In this paper, we resort to 
detailed simulations to study the video streaming performance in a HSDPA system that 
employs PF scheduling. Our simulations are based on an enhanced UMTS/HSDPA 
simulator and detailed channel and mobility models. By examining a power utility 
function that captures the user-level performance in a mixed video streaming/data 
download service scenario, we demonstrated throughput-delay trade-offs associated 
with PF scheduling. Our results indicate that in a scenario where service requirements 
change dynamically with the offered traffic mix, a simple round-robin scheme provides 
close to optimal performance. 

 
A version of this paper has been published (with Gunnar Karlsson as a co-author) in the 
Proceedings of the IEEE International Symposium on Modeling, Analysis, and 
Simulation of Computer and Telecommunication Systems (MASCOTS), Monterey, CA, 
September 2006. 

 
 

5.3  Paper C: Multicast Scheduling with Resource Fairness Constraints 
 
Summary: With the proliferation of mobile TV, multicast is going to increase its 

share in the traffic load of cellular networks. It is also expected that, in the future 
cellular systems, large share of this load will be carried on shared channels in order to 
improve spectral efficiency. Therefore, multiple multicast and unicast sessions will be 
multiplexed together on a common transport channel. This requires new and efficient 
scheduling mechanisms. These mechanisms need to be optimized to provide the best 
possible trade-off between resource efficiency and fairness. A multicast scheduler needs 
to address the problem of fairness both within and among multicast groups. In this 
paper, we consider a case where streaming multicast users are multiplexed together with 
elastic unicast users on a common time-slotted channel. We derive a system model to 
study the achievable performance under proportional and resource fairness constraints. 
Fairness is defined in terms of the users’ utilities rather than of the throughputs they are 
assigned. We also describe an extension of the well-know unicast proportional fair 
scheduler to the multicast case. Through extensive simulations we demonstrate the 
performance of this scheduler for various traffic loads and multicast group sizes. 
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Contribution: The design and analysis of opportunistic schedulers for unicast has 

received a tremendous amount of interest in the research community, yet very little has 
been done on extending these results to multicast scenarios. Multicast imposes some 
new challenges, especially in terms of fairness among unicast users and multicast 
groups, but also among the users that belong to the same multicast group. We address 
those challenges, both in an analytical model and in a practical scheduling scheme. Our 
results indicate that a relatively straightforward extension of the unicast proportional 
fair scheduler that is a part of the 1xEV-DO and HSDPA standards provides a good 
trade-off between resource-efficiency and fairness for multicast. 

 
A version of this paper (with Gunnar Karlsson as a co-author) will appear in the 
ACM/Springer Wireless Networks Journal (WINET). A shorter version has been 
published in the Proceedings of the International Symposium on Modeling and 
Optimization in Mobile, Ad Hoc, and Wireless Networks (WiOpt), Limassol, Cyprus, 
April 2007. 

 
 

5.4  Paper D: Statistical multiplexing gains of H.264/AVC video in E-
MBMS 

 
Summary: With the increasing acceptance of H.264/AVC as a video coding 

standard for mobile multimedia, it becomes very important to control the extreme 
burstiness of the traffic generated by the H.264/AVC encoder. The statistical 
multiplexing of video streams can be used to reduce the bit-rate variations. In practice, 
the number of video streams that can be multiplexed together is quite limited and 
therefore, additional mechanisms are needed to eliminate the residual burstiness and to 
adapt the bit-rate of the bundle to the bit-rate of the transport channel. Here we evaluate 
the potential statistical multiplexing gains with and without the bit-rate coordination in 
the encoders. The PSNR and bit-rate gains are measured relative to the case where rate-
controlled (capped) streams are delivered on individual transport channels. The gains 
come from the fact that, if a video stream is transported on an individual channel, either 
rate control has to be employed at the encoder, thus reducing the quality of the video, or 
the channel has to be over-provisioned to accommodate the bursts in the stream. 

 
Contribution: Our experiments with a rich set of video sequences have shown that 

multiplexing gains can be achieved in the case of coordinated encoding. These gains are 
however significantly lower compared to some earlier results. The reason is that the 
gains are here measured relative to the capped streams: our results indicate that most of 
the H.264/AVC streams can be capped to their average bit-rates with a moderate loss in 
quality. This way of measuring gains gives us a metric of higher practical relevance 
compared to the studies where the gains are measured relative to the peak rates of the 
video streams, as some sort of rate control at the encoder would have to be used if the 
streams are transported on individual multicast channels. We observed that in the case 
of coordinated encoding, frequent channel allocation updates do not contribute to the 
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gains in terms of average PSNR/bit-rate, but may reduce the PSNR variations within a 
stream and thus provide gains in terms of visual quality. We also considered the case 
when encoder coordination is not available and the bit-rate of the multiplex is controlled 
by random dropping of P-frames. 

 
A version of this paper has been published (with Jörg Huschke as a co-author) in the 
Proceedings of the IEEE International Symposium on Wireless Pervasive Computing 
(ISWPC), Santorini, Greece, May 2008. 
 
 
5.5  List of publications in the context of this thesis 
 
• V. Vukadinović and G. Karlsson, “Trade-Offs in Bit-Rate Allocation for Wireless 

Video Streaming,” Proc. ACM Int. Symp. Modeling, Analysis and Simulation of 
Wireless and Mobile Systems (MSWIM), Montreal, Oct. 2005. 

• V. Vukadinović and G. Karlsson, “Video Streaming in 3.5G: On Throughput-Delay 
Performance of Proportional Fair Scheduling,” Proc. IEEE Int. Symp. Modeling, 
Analysis, and Simulation of Computer and Telecommunication Systems 
(MASCOTS), Monterey, CA, Sept. 2006. 

• V. Vukadinović and G. Karlsson, “Resource Allocation for Wireless Video 
Streaming: Bit-Rate Adaptation and Packet Scheduling,” technical report, TRITA-
EE 2006:026, Royal Institute of Technology (KTH), May 2006. 

• V. Vukadinović and G. Karlsson, “Optimal Resource Sharing for Integration of 
Unicast and Multicast Data on TDM Radio Channels,” Proc. Int. Symp. Modeling 
and Optimization in Mobile, Ad Hoc, and Wireless Networks (WiOpt), Limassol, 
Cyprus, April 2007. 

• V. Vukadinović and G. Karlsson, “Multicast Scheduling with Resource Fairness 
Constraints,” to appear in ACM/Springer Wireless Networks (WINET). 

•  V. Vukadinović and J. Huschke, “Statistical Multiplexing Gains of H.264/AVC 
Video in E-MBMS,” Proc. IEEE Int. Symp. Wireless Pervasive Computing 
(ISWPC), Santorini, Greece, May 2008. 
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6. Open issues and future work 
 

Next-generation wireless networks are expected to support a wide variety of high-
speed data applications, including increasingly popular streaming applications. The 
integration of these heterogeneous applications on a common transmission 
infrastructure raises major challenges for the resource management. Among the 
numerous problems that fall within the broad area of resource allocation, we addressed 
those that we consider particularly important for the performance of wireless video 
streaming: bit allocation, scheduling, and multiplexing. However, our work is far from 
conclusive: The scope and complexity of these problems increase continuously with the 
increasing flexibility of cellular systems. The introduction of advanced features such as 
scalable coding, adaptive modulation and coding, single-frequency networks, and 
multiple antennas opens up new opportunities for research. Here we summarize some of 
the topics that are closely related, but have not been covered in this thesis: 

• Bit allocation problem has been approached from a high-level perspective. A 
practical scheme needs to be evaluated in the context of state-of-the-art source 
and channel coding algorithms. For instance, scalable video coding (SVC) and 
adaptive modulation and coding (AMC) mechanisms might be jointly optimized 
to provide best possible user experience in future mobile multimedia 
transmission systems. 

• We proposed an extension of the proportional fair scheduling to multicast 
scenarios. However, feasibility of this and similar opportunistic schemes for 
multicast needs to be further evaluated in terms of possible gains and required 
complexity. The achievable gains might be modest compared to the unicast 
scenarios because the transmission rate cannot be adapted to individual users. 

• Multi-rate multicast may greatly improve the streaming performance when video 
content is encoded with multiple enhancement layers. The proposed multicast 
proportional fair scheduler can be extended to enable different layers to be 
streamed at different rates, according to their priorities. 

• Multi-cell transmission in single-frequency networks enables soft-combining, but 
renders it impossible to exploit the multi-user diversity present in the system. For 
some cells, multiuser diversity gain might outweigh the benefits of soft-
combining. Dynamic scheduling and channel allocation mechanisms are needed 
to decide which cells should comprise an SFN area. This would be a topic of 
further study. 
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