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Executive Summary 
This document describes the final results from Task 3.3 of the OPTIMIX project. This is the third and final deliverable 
in the D3.3x deliverable series and a follow-up to the earlier D3.3a and D3.3b documents. In this document, we present 
the final specification of the OPTIMIX data link layer functionalities and the results from the related performance 
studies conducted in Task 3.3 during the last working period. Many of the results presented here rely on the previous 
work discussed in the earlier D3.3x deliverables. 
 
In the previous deliverable D3.3b, we presented the intermediate design and performance analysis of the data link layer 
functionalities. It presented the advances in the design and implementation of the essential data link layer features into 
the common OMNeT++ simulation chain in respect of the work presented in the earlier deliverable D3.3a. In D3.3b, a 
more detailed investigation and OMNeT++ simulation results regarding the proposed enhancements were presented for 
selected topics, including the partial checksum mechanism for WLAN, the multi-user scheduling/allocation algorithms 
for (MIMO) OFDMA links as well as RoHC. Moreover, advances in the enhanced WiFi multicast solution development 
were discussed. The deliverable D3.3b touched also briefly a new topic regarding the recent developments in the state 
of the art and standardization activities in extending wireless Quality of Service (QoS) architectures such as the IEEE 
802.11e to enforce packet-based QoS to better support (scalable) video streams over wireless links. 
 
In this document, we present the final improvements to the data link layer mechanisms developed in the OPTIMIX 
project. Here we discuss three main topics, namely, data link layer multicast, scheduling, and Robust Header 
Compression (RoHC) mechanisms. The basic data link layer features supported in the OPTIMIX system (e.g. selected 
technologies and the partial checksum mechanism) have been covered already in the earlier deliverables, D3.3a and 
D3.3b, and in this document we focus on discussing only the more advanced mechanisms specifically designed for 
optimizing video transmissions over wireless links. 
 
As described in the previous D3.3x deliverables, the OPTIMIX project has been developing better mechanisms for 
supporting multimedia transmission over data link layer multicast in WLANs. In this document, we present the final 
design and experimental results of the OPTIMIX data link layer multicast solution. We discuss applying transmission 
strategies in the WiFi multicast context to optimize multimedia transmission. The work is a continuation to that 
presented in the earlier D3.3x deliverables. In this document, we present the best multicast transmission strategy defined 
for the OPTIMIX system as well as results collected with the common OMNeT++ simulation chain to test its operation.  
 
The second major topic addressed in this deliverable is MAC layer scheduling and related solutions that have been 
developed and tested in the project. In OPTIMIX, we have explored different MAC layer solutions for optimizing video 
transmission in the context of both traditional wireless MACs (e.g. IEEE 802.11) and more advanced (MIMO) OFDMA 
solutions. For the so-called traditional wireless MACs, we have evaluated three different approaches for scheduling and 
prioritizing video traffic. Although different from one another, the solutions can be seen to complement each other as 
each of them addresses the requirements of different networking scenarios. In this document, we present the different 
scheduling solutions with related simulation results. According to the results, we can conclude that video streaming 
performance can be improved with the proposed methods. In addition, we present selected results obtained with our 
prioritized multi-user queue system and the scheduling/allocation algorithms developed for (MIMO) OFDMA systems. 
The actual solution is presented in more detail in the context of the Base Station Controller in D2.3b and D2.3c. Here 
we present selected results of a simulation study where we have particularly considered the presence of two types of 
users: OPTIMIX users and non-OPTIMIX users. The results clearly show the improvements that can be obtained with 
OFDMA-based scheduling and allocation techniques compared to more traditional transmission mechanisms. 
 
Finally, this document presents the advances in the development of header compression mechanisms for the OPTIMIX 
system. First of all, we present our proposed solution to address the RoHC decompression problems that appear under 
bad channel conditions as well as for multicast transmissions as discussed in D3.3b. In addition, we give here the 
complete compression scheme for DCCP packet headers that we have defined during the project. Both the proposed 
Reactive Robust Header Compression scheme (R-RoHC) and the complete compression scheme for DCCP have been 
implemented into the common OPTIMIX OMNeT++ simulation chain. In this document, we present also selected 
simulation results to verify their operation. The RoHC improvements discussed in this document complete the studies 
presented in the earlier D3.3x documents. 
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1 Introduction 
This document presents the final design and the functional or performance analysis of the data link layer (DLL) 
elements studied in the OPTIMIX project. This deliverable is a continuation to the previous two deliverables produced 
in Task 3.3, namely D3.3a and D3.3b. In this document, we present the final improvements to the data link layer 
mechanisms developed in the OPTIMIX project. The basic data link layer features were covered already in the earlier 
deliverables and thus this document focuses on the more advanced mechanisms that were specifically designed for 
optimizing video transmissions over wireless links. These include the data link layer multicast, scheduling, and Robust 
Header Compression (RoHC) mechanisms. 
 
Chapter 2 discusses the data link layer multicast issues. One aim of the OPTIMIX project was to produce an improved 
link layer multicast solution for WiFi networks that would better support multimedia applications. In Chapter 2, we 
present the best transmission strategy for the OPTIMIX system to enhance multimedia transmissions in the case of data 
link layer multicast. The transmission strategy is also evaluated with a simulation study conducted using the common 
OMNeT++ chain.  
 
In Chapter 3, we continue the analysis of the data link layer mechanisms for adapting video streams on the basis of the 
work presented in the earlier Task 3.3 deliverables. We discuss four different solutions which can all be used to improve 
video transmission over wireless links but each of them applies to a distinct networking scenario. The chapter is divided 
into two parts. The first part discusses scheduling solutions targeted to “traditional” wireless MACs such as the IEEE 
802.11 WLAN. Here we present three solutions: a generic one that can be utilized for prioritizing scalable video packets 
in wireless systems that do not necessarily have inherent support for QoS; an IEEE 802.11e based solution for 3D video 
packet differentiation utilizing a cross-layer packet mapping algorithm; and a hierarchical scheduling solution that 
enhances the standard IEEE 802.11e MAC with support for (scalable) video packet prioritization without affecting the 
QoS experienced by other types of traffic. For each solution we also present simulation results to demonstrate their 
operation and benefits.  
 
In the second part of Chapter 3, we briefly review the main results obtained with our prioritized multi-user queue 
system and the scheduling/allocation algorithms developed for (MIMO) OFDMA systems. The actual solution with 
more detailed analysis on the results is presented in more detail in the context of the Base Station Controller in D2.3b 
and D2.3c. In the simulation study presented in this document, the presence of two types of users, namely OPTIMIX 
users (i.e. real-time) and non-OPTIMIX users (i.e. non-real-time), is particularly considered when evaluating the 
performance of the scheduling solution. This is an important issue, since in the OPTIMIX system, the Master 
Application Controller takes into account only the first class of users, while the Base Station Controller has to consider 
both of them during its optimization process. 
 
In Chapter 4, the final improvements to the OPTIMIX Robust Header Compression (RoHC) solution are presented. 
These include a proposed solution, named Reactive Robust Header Compression scheme (R-RoHC), to address the 
RoHC decompression problems under bad channel conditions as well as for multicast transmissions as discussed in 
D3.3b. The basic operation of R-RoHC is to trigger sending of few extra uncompressed packets whenever the static 
context is missing at the receiver side to allow the decompressor to recover the compression context. The solution 
requires no modifications to the RoHC state machine and its timeouts. In addition, we present the complete compression 
scheme defined for DCCP packet headers. Both R-RoHC and the complete compression scheme for DCCP have also 
been implemented into the common OPTIMIX OMNeT++ simulation chain. In this document, we present also selected 
simulation results to verify their operation. 
 
Finally, the conclusions are given in Chapter 5. 
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2 Data Link Layer Multicast 
This section presents the latest advances to the OPTIMIX data link layer multicast solution. In the previous deliverables 
D3.3a [29] and D3.3b [28], we have already reported measurements, where we measured WiFi transmissions in seven 
different configurations. Using the measurement results we have shown that if the WiFi channel allocation is not 
critical, then repeating the transmitted frames increase the delivery probability. In those documents, we have worked out 
a scheme, where the Access Point could use a transmission strategy, which determines how many times and on what 
rate should the frames be sent out. We concluded that the transmission strategy depends not only on the channel 
conditions, but also on the WiFi radios both in the Access Point and the receivers. For this reason, we proposed to use 
measurements to create the actual transmission strategy and continue the measurements during the transmission to 
refresh the strategy whenever it is necessary (we expect no WiFi radio changes, however, we consider changes due to 
movement or other impact on the WiFi channel). The solution and simulation study presented in this section completes 
the work in terms of defining an appropriate WiFi multicast transmission strategy for the OPTIMIX system. 

2.1.1 Measurements to create transmission strategy 
Current commercial Access Points also have “transmission strategies” for unicast transmission. This is an algorithm that 
adjusts the rate to the transmission towards a specific client. When there is no ACK received for a transmitted frame, 
the algorithm may reduce the rate to send out the next frame. Several algorithms exist, however we need a new one. The 
reason is that we need it for a multicast configuration and it is so different. 
 
In order to create an up to date transmission strategy, we need a periodic measurement during the whole transmission. It 
could be active or passive (in this latter case, there is no need for extra bandwidth for the measurements). In the 
measurements, we measure not only the success or failure of the actual transmission but also the bit error rate of a 
delivered frame. Measuring the bit error rate is not easy for a frame that is unknown for the receiver as it does not know 
the correct frame. In D3.1c [33], we have presented an algorithm that estimates the number of bit errors in a frame. The 
reason why we do not use that algorithm for this purpose is that here we would like to have a correct value for the bit 
errors and not estimation. Thus, we choose active measurement and set up a measurement flow, which is periodically 
transmitted towards the receivers, and the receivers make a report on the flow. The content of the flow is well known 
for the receivers (known length, known pattern) so they can easily calculate the number of bit errors. Alternatively, we 
could use the WiFi Beacons for our measurements, since this is a periodic transmission with a known size and content. 
We could even enlarge the size and put extra content into the Beacons. However, we had bad experiences with some 
Intel WiFi chipsets, as they did not recognise these Beacons. It is true, that the Beacons we used were not standard ones, 
as we altered the transmission rate as well, so we could not expect that they would be recognised. 
 
Our measurement flow is a 1000 byte long, “0101010101” filled, single frame, which is repeated during the 
transmission in every 1/10 seconds. The transmission rate is changing from 1 Mbps to 54 Mbps (1-2-11-36-48-54), 
which makes one round. The clients make reports after 5 transmission rounds. They are aware of the measurement 
signal and if it is expected, but there is no transmission in a certain time, then it means that measurement signal has 
been lost in the air. In order to make the report robust, the clients repeat the report frame as many times as it is required 
according to their own calculations. This means that there is a report and possible update in every 3 seconds. The report 
tells the average bit error rate on each of the different transmission rates. From these reports, the Access Point calculates 
the transmission strategy and uses it to send out the multicast transmission. The best transmission strategy was 
described in D3.3b. It shows the number of repetitions and the associated transfer rate that is required to send out a 
frame with a given delivery probability as fast as possible. 

2.1.2 Transmission strategy in OPTIMIX 
Transmission strategy in OPTIMIX is simpler than the one described above. The reason for this is that the above 
mentioned method is WiFi specific only, while in OPTIMIX we consider other radio technologies as well. Plus, the goal 
of the optimization is very different. In the general OPTIMIX scenario, we assume that the radio channel is an 
expensive resource and we do not have too much of them. In contrast, in today’s WiFi environment, we have plenty of 
bandwidth, but we have dumb, CPU limited Access Points. In OPTIMIX, it is the base station controller who decides on 
the transmission rate of a frame. In the above mentioned scenario, it would be the MAC layer, who knows that the 
frame that is to be sent out is the repeated frame and it should adjust the transmission rate according to the strategy. At 
the end, we end up with a simple multicast transmission strategy, which tells the number of times a frame has to be 
repeated. In the simulation study described in this section, we investigated whether all the other modules can cope with 
the duplicated frames and tried also to measure the performance impacts. 

2.1.3 Simulations with transmission strategy 
We used the common OMNeT++ simulator developed in the OPTIMIX project to test WiFi multicast using the 
simplified transmission strategy. The simulator ran the general scenario, illustrated in Figure 1. We set up the radios 
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with 802.11g parameters. The source was an SVC stream with one base and two enhanced layers. All terminals were set 
to request for all the 3 streams. There was no adaptation and the streams were played out from a prerecorded file. 
 

 

Figure 1 – Simulation with WiFi multicast. 

Terminal[0] was the terminal experiencing bad WiFi channel conditions (set to 10dB) and we evaluated the results here. 
All the other terminals had very good channel conditions and they were the reference terminals. We made three 
simulations and the evaluated transmission strategies were: 1. No retransmission, 2. Retransmit once, and 3. Retransmit 
three times. In the first run, we obtained the following results. 
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Table 1 – WiFi multicast simulation results [No retransmission]. 

Table 1 shows the results, when there were no WiFi retransmissions. As it can be seen from the table, Terminal[0] 
which had a very bad channel suffered a tremendous quality drop: 72 percent of the packets were lost. 
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Figure 2 – Simulation with WiFi multicast [No retransmission]. 

In Figure 2, we have presented the transmission times of the packets. The blue marks show the packet size and time 
when the packets were sent out by the server. The green mark is for Terminal[4], who had a very good channel 
condition. The red mark is for Terminal[0] with its bad channel. The RTP layer creates small chunks (1024 bytes) from 
longer video packets arriving from upper layers. At the receiver side, these chunks are placed to a buffer and reunited 
when all the corresponding chunks have arrived. If a chunk is lost during the transmission, the RTP layer cannot reunite 
the chunks and the whole video packet gets lost. The time values, presented in the figure, are measured before and after 
the packetization method in the RTP module. The difference of the sending and receiving times of the video packets is 
the delay on the RTP layer. This delay also includes the buffering time. 
 
It can be observed that Terminal[0] receives only a few video packets. It cannot receive big video packets due to the 
high probability of losing any of the chunks during the transmission of longer video packets. The delay, measured on 
the RTP layer (includes buffering), is mostly the same as in case of the other terminal. This can be seen from the figure 
as the red and green marks have the same position. There are also situations, where the delay, measured on the RTP 
layer, is longer for Terminal[0]. The reason for this is that in the current implementation, the buffer of the RTP module 
can give out a video packet, only when a new packet goes into the module. When the Terminal[0] cannot receive a 
transmitted RTP packet, it cannot call the RTP module to give out a buffered packet. In this case, the buffered packet 
will be received by higher layers only at the next successful transmission. This is an additional delay at the RTP layer. 
 

� ����������	�
��� � 
	�
������� � �������������� � ��������� �
������������������ � ��$ � � �����" � �
������	��� � %"% � ��# � %��$!� � �!# �
������	��� � ��� � �# � ������ � �# �
������	��� � ��" � %#� ���!$� � �# �

Table 2 – WiFi multicast simulation results [Retransmit once]. 

In the second simulation run, presented in Table 2, we obtain better results. First of all, we can see that the retransmitted 
multicast frames caused no problems during the simulation run. All the modules affected by the duplicated frames can 
handle the situation without errors. Second, there is an improvement in the stream quality received by Terminal[0]. The 
packet loss degraded to 44 percent. 
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Figure 3 – Simulation with WiFi multicast [Retransmit once]. 

Figure 3 presents the transmission of the packets in the stream. The blue marks show the time and size of the packets 
sent by the Server, while the red marks show the time and size of the packets as Terminal[0] receives them. We have 
not presented Terminal[4] here as the results were the same as in the previous figure. 
 
If we analyze the packet drops, we can see that drops occur mostly for big packets. However, there are some big packets 
(1.66s and 8.06s) that manage to get through on the bad channel. 
 
In the third simulation, we retransmitted all the multicast frames 3 times. The results are almost identical to the previous 
case, where we had only 1 retransmission. We expected better results, so we will further analyze this case. However it is 
also possible, that this is a limitation of the simulation modules. We will use real measurements to and compare the 
results back to these cases. 

3 Data Link Layer Scheduling 
In this section, we present different approaches for optimizing video streaming over wireless links by the means of 
MAC layer packet prioritization and scheduling. The analysis is done in the context of both traditional wireless MACs 
(e.g. IEEE 802.11) and modern (MIMO) OFDMA solutions. For the traditional wireless MACs, we have evaluated 
three different approaches for scheduling and prioritizing video traffic. Although different from one another, the 
solutions can be seen to complement one another as each of them can be seen to address the requirements of different 
networking scenarios (i.e. small-scale deployments with no strict QoS policies vs. large-scale networks with specific 
resource allocations between different types of traffic). For (MIMO) OFDMA systems, we present selected simulation 
results obtained with our prioritized multi-user queue system and the scheduling/allocation algorithms. A more detailed 
presentation of the (MIMO) OFDMA -specific solution is given in [31] and [32]. 

3.1 Optimizing video delivery in traditional wireless MACs 
In this section, we present three different MAC layer scheduling solutions, targeted to “traditional” wireless MACs such 
as the IEEE 802.11 WLAN, that have been investigated in the OPTIMIX project. These include a generic packet 
prioritization and scheduling solution which can be used for optimizing scalable video transmission in wireless systems 
that do not necessarily have inherent support for QoS; an IEEE 802.11e based solution for 3D video packet 
differentiation utilizing a cross-layer packet mapping algorithm; and a hierarchical scheduling solution that enhances 
the standard IEEE 802.11e MAC with support for (scalable) video packet prioritization without affecting the QoS 
experienced by other types of traffic. For each solution we also present simulation results to demonstrate their operation 
and benefits.  
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3.1.1 Generic MAC-level packet prioritization and scheduling solution for SVC 
Practically, there are two places to adapt SVC video stream according to the end-user’s network conditions; already in 
the video source or in the base station the end-user is connected to. Today, the last hop in a video transmission path 
between video server and the receiver is often based on wireless access. Also, this often is the bottleneck in the 
transmission path. The traffic adaptation is the more efficient and more timely the closer the adaptation process is to the 
bottleneck. Thus, a MAC-level video adaptation at the serving base station has potential to adapt traffic flows it handles 
efficiently. In this section, a generic MAC-level traffic adaptation algorithm for scalable video transmission [5] is 
introduced. The adaptation mechanism is access technology-independent, but it is evaluated with the IEEE 802.11g 
MAC-layer and physical layer using Omnet++ simulation framework. The results attained with the MAC adaptation are 
compared to the cases without adaptation and, interestingly, also with a source-level adaptation. 

3.1.1.1 Overview 
Efficient and proactive MAC-level packet prioritization and scheduling mechanism requires dynamic and timely 
information about the condition of the current wireless link/s and constant monitoring of the trend of the link state. 
Thus, an extensive signalling framework delivering various parameters of the current link and network conditions to 
traffic adaptation algorithms plays an essential role in traffic prioritization and scheduling. For example, in addition to 
local link monitoring, base stations need feedback from the mobile stations affiliated with them related to their view of 
the link condition. A signalling framework combining IEEE 802.21 and Triggering Framework [6] is used to provide all 
required feedback information from mobile stations to the adaptation algorithm residing in the base stations. However, 
with the MAC adaptation only IEEE 802.21 signalling part is required and employed. Although the MAC adaptation is 
introduced in the context of downlink, it is suitable also for the uplink without modifications to mechanisms as well. 
 
Video adaptation at the MAC layer is performed through the packet prioritization and scheduling. Packet prioritization 
is triggered on upon a link capacity starts deteriorating. In order to save processing resources at base stations, the 
prioritization is enabled only when link conditions do not allow all connections (mobile stations) to fully use their 
current services. Thresholds for triggering the adaptation on are selected not to start the prioritization too sensitively. 
Wireless networking easily faces occasional and short-term signal strength variation (fading) causing sporadic packet 
losses or retransmissions even though the short-term mean signal strength is strong, especially, when moving.  
 
Both mobile station and base station monitor the condition of the link between them. The parameters base stations 
monitor are rate of dropped packets, which are dropped due to exceeding of retransmission limit or transmission queue 
overflow, and transmission queue size. Mobile stations monitor the number of erroneously received packets, in other 
words packet error rate (PER), and signal strength. Due to Automatic Repeat-reQuest (ARQ) procedure, PER is not the 
same as the rate of lost packets.  
 
Link condition is monitored using equation: 
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where E denotes failed transmissions, queue size, PER or signal strength and M is a coefficient to accentuate the most 
recent values. Weighted coefficients for the previous values better allow perceiving the trend of the parameter value.  
 
Mobile stations periodically (every 0.5s) send MIH_Parameters_Report events to the base station they are connected to. 
The parameters included in the MIH_Parameters_Report events are PER, current throughput, nominal data rate, signal 
strength in percents, and Signal to Interference-plus-Noise Ratio (SINR). In addition to periodical events, mobile 
stations also send an additional parameters event when they notify that their link condition is getting worse. Thresholds 
for this action are: PER has exceeded 4% or the signal strength has dropped below 70%. Based on the parameters 
included in the events, the base station controller triggers prioritization on by sending a MIH_Link_Actions command 
to the MAC layer. The base station triggers prioritization on based on its own link monitoring when the dropped frame 
rate exceeds 1% or a weighted queue size reaches the max_queue_size – 2. If prioritization is being triggered on and the 
dropped frame rate decreases below 0.5%, base station returns to the state without prioritization.  
 
MAC classifies the received IP packets into three categories; high priority, medium priority, and low priority. Base 
layer frames are inserted into the high priority queue. First quality enhancement layers and all other than packets 
carrying video data are stamped as medium priority. Finally, second and all other quality enhancement layers are put to 
the low importance queue. For the video packets, the MAC scheduling algorithm uses tolerated queuing delays. In other 
words, if the video packets scheduled to be sent next can still wait for transmission, the front packet from lower 
importance queue is sent first, if exists and is older. The tolerated delays are 4 ms, 6ms, and 8 ms for the base layer, first 
quality enhancement layers, and second quality enhancement layers, respectively. Non-video packets are sent without 
tolerated queuing delay definitions, and are sent on the turn of medium priority queue using the first-in first-out 
scheduling scheme. Thus, the scheduling algorithm is fair to non-video packets. Figure 4 illustrates the basic logic of 
the scheduling algorithm. 
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Figure 4 – Simplified logic of the scheduling algorithm 

3.1.1.2 Simulation analysis 
In the simulations evaluating the MAC-level adaptation, the physical layer simulates a log-normal shadowed 
uncorrelated Rayleigh fading channel with additive white Gaussian noise (AWGN). Table 3, Table 4, and Table 5 list 
the most important simulation parameters used in the simulations. In the simulations, one mobile station is connected to 
an IEEE 802.11g base station. An IPv6 wired network connects the base station and the video server. The wired 
network part does not introduce any packet loss or congestion. The video server and the mobile station support 
RTP/UDP/IPv6 protocol stack. 
 
Parameter Value 
TX queue number 3 
TX queue size 15 frames in total 
Retransmission limit 7 

Table 3 – MAC parameters. 

Parameter Value 
Modulation QPSK (FEC: ½) 
Coherence time 0.1 s 
Log-normal shadowing time 3 s 
Shadowing standard deviation 4-5 dB depending on the scenario 
Es/N0 from 1 m from BS 60 dB 
Bandwidth 20 MHz 

Table 4 – PHY parameters. 

Parameter Value 
Video encoding H.264/SVC, base layer + 2 quality layers 
GOP length and structure 8 and IPPPP … 
Encoder/decoder JSVM 9.15 
Bitrate With the best quality and highest frame rate (30Hz) 

approximately 2Mb/s 

Table 5 – Video parameters. 

The measurements were conducted in two scenarios, where one related to congestion in the wireless link and another to 
varying signal strength conditions. The results of MAC-level adaptation are compared to results achieved without 
adaptation and also to results where the SVC adaptation is performed already in the source. The source level adaptation 
is better detailed in Deliverable D2.3c [7].  
 
The source-level adaptation utilizes a TCP-Friendly Rate Control (TFRC) algorithm [8][9] to assess the available 
bandwidth in the network and that way the bitrate for the video transmission. The parameters the TFRC algorithm 
factors in the bitrate evaluation are packet loss rate, estimation of round-trip time, and packet size. The video bitstream 
adaptation process simply compares the target data given by the TFRC algorithm to the layer bitrate and the drops an 
enhancement layer if the target data rate is lower than the target one. The bitrates for each layer are found through the 
extraction of the Network Abstraction Layer Unit (NALU) units from the stream. Packet loss rate is calculated at the 
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video decoder of the mobile station receiving the video. The packet loss rate parameter is subscribed to by the video 
server and is delivered to the server by the Triggering Framework part of the signalling solution. 

3.1.1.2.1 Congested wireless link 
In this scenario, the link is progressively congested by injecting UDP background traffic (packet size of 600 bytes) into 
the network. The sending of the background traffic starts at the point of 2 s of the simulation runs with the throughput 
level of 3 Mb/s. The throughput is increased by 150 kb/s every 2 s until the throughput of 3.6 Mb/s is reached. Since 
that, the throughput periodically decreases by 500 kb/s every 2 s by the point of 16 s. Signal strength stays on good 
level during the simulation runs and only congestion incurs packet losses. 
 
Figure 5 illustrates the lost video packets carrying base layer data. With MAC adaptation, only three base layer packets 
are lost although the link got congested. The packets are lost before the MAC scheduling algorithm was triggered on. In 
the simulations, the base station checked the link condition every 0.1 s. Without adaptation, the number of lost base 
layer packets soars to 108 in total. The MAC adaptation outperforms the source adaptation scheme by dropping 90% 
less base layer packets.  
 

 

Figure 5 – Base layer packets dropped by base station MAC 

In order to keep the rate of lost base layer packets negligible, the number of enhancement layer packets needs to be cut 
radically by the adaptation scheme. Table 6 lists the distribution of the lost packets with each of the adaptation schemes. 
With the MAC adaptation scheme 99% of all lost packets are enhancement layer packets whereas without adaptation 
the number of base layer packets and enhancement layer packets are quite evenly divided. The source adaptation drops 
a large amount of enhancement layers already in the source, and thus the number dropped enhancement layers at MAC 
is significantly smaller compared to the MAC adaptation. The TFRC source adaptation algorithm is not optimal for the 
adaptation as it rapidly increases the estimation of the channel capacity when negligible video packet loss rate, and 
optimal estimation of the capacity, is faced. Thus, the number of dropped enhancement layers at the MAC is larger than 
expected. 
 
Due to the fairness of the MAC scheduling algorithm to other than video packets, only three background traffic packets 
were lost despite the congestion. With other adaptation schemes, all packets are treated equally by MAC and, thus, the 
rate of lost background traffic packets is significantly larger than with the MAC adaptation. Although the adaptation 
algorithm factors in tolerated delays for the video packets to add fairness, the average transfer delay over the wireless 
link is 5 ms, which is 1 ms lower than in the case without adaptation. 
 
Adaptation scheme Base layers dropped 

at MAC 
Enhancement layers 
dropped at MAC 

Background traffic 
dropped at MAC 

Enhancement 
layers dropped in 
source 

MAC adaptation 3 715 3 - 
No adaptation 108 87 263 - 
Source adaptation 32 42 90 515 

Table 6 – Comparison of lost packets. 

Figure 6 illustrates the Peak Signal-to-Noise Ratios (PSNR) for the received video transmission with each of the 
adaptation schemes. As a reference, also the original PSNR from the video is shown. The MAC adaptation gives clearly 
the best results from the adaptation schemes. The mean PSNR is 38 dB, which is only 3.5 dB lower than in the original 
and 14 dB higher than in the case without adaptation. The source adaptation scheme results in an average PSNR of 
32dB. The main reason for this big difference with the MAC adaptation is that the source adaptation is slower in the 
adaptation decisions and the estimation of the link capacity is more inaccurate. Thus, the slumps in the PSNR with the 
source adaptation are caused by the misestimation of the network capacity. The feedback information is provided to the 
source much more infrequently (two times a second) than the base station MAC is capable of monitoring the link 
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condition. Feedback information from end to end introduces overhead to the overall network traffic, which is the main 
reason to limit the amount of feedback information sent to the video server. 
 

 

Figure 6 – PSNR of the received video. 

3.1.1.2.2 Varying signal strength 
Rapid signal condition changes are typical of wireless networking. In this scenario, the signal condition heavily 
deteriorates between 3-6 s. There, the log-normal shadowing gain jumps to the level causing an uncorrectable number 
of bit errors to many of the packets propagated over the wireless link.  
 
Figure 7 depicts the lost base layer packets in the wireless link. The MAC adaptation mitigates the impact of weak 
signal by 36 % and 30 % compared to the cases without adaptation and with the source adaptation, respectively. This is 
in great measure a result of the MAC scheduling algorithm’s feature, which increases the ARQ retransmission limit by 
three (to ten), when the adaptation is triggered on. The addition to the transfer delay is observed negligible with this 
small increase.  
 
Overall, the transmission performance is not improved much with the source and MAC adaptations when signal 
strength strongly deteriorates. Practically, increasing the retransmission limit even more is the only way to reap 
significant advantages here, but it may lead to excessive transfer delays. However, by increasing most of the packet 
transfer capability to the most important packets, which are the base layer packets, the MAC and source adaptations 
bring advantages also during weak signal. It is noteworthy that although one video base layer is sliced to multiple IP 
packets, the whole layer is not useless even though some of the slices are lost. Thus, even a small decrease in the loss 
rate of base layer packets increase the end-user perceived video quality.  
     

 

Figure 7 – Base layer packets dropped by base station MAC. 

3.1.1.3 Conclusion 
The results of the MAC adaptation algorithm for scalable video clearly attest the advantages of packet prioritization and 
scheduling for real-time video transmission. The MAC adaptation clearly outperforms the source adaptation and no 
adaptation schemes in congestion and bad signal conditions with respect to video quality. However, with the weak 
signal strength scenario the observed gains were minor when compared to the congestion scenario where the MAC 
adaptation scheme lost only three base layer packets. The presented algorithm classifies important video packets with 
high importance, but is still fair to traffic other than video. For example, in the congestion scenario only three 
background traffic packets were lost whereas with the source adaptation and without adaptation the numbers were 90 
and 263, respectively. Despite the good results, the MAC adaptation is useful only if the network problems reside in the 
wireless link the MAC layer handles. The source adaptation scheme handles the network problems no matter where 
they reside in the end-to-end path. 
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3.1.2 Prioritized 3D Video Distribution over IEEE 802.11e  
3D video provides a sense of “being there” and offers more natural conditions for viewing and communication. In the 
future, 3D applications will not be limited to flight simulators, IMAX cinemas, and 3D games only, but they will also 
be available for the wider consumer market. The advancement of 3D capture and processing technologies, and the 
availability of affordable 3D displays will enable 3D home studios [10]. Moreover, the industry leaders recently formed 
an alliance to speed the commercialization of 3D into homes [11]. Immersive video content can be delivered within a 
home/office/public places using wireless links such as WiFi. However, the distribution of 3D video at home/office 
would be affected due to the availability of other demanding services such as voice, video streaming, web browsing, 
etc. Therefore, this section proposes a prioritization scheme for 3D video distribution in the home/office environment 
using IEEE 802.11e technology. 
 
The artefacts caused by channel errors and packet losses will hinder the overall perception of reconstructed 3D video at 
the user end. Therefore, it is important to protect 3D video content when transmitted over unreliable communication 
channels and error protection and concealment techniques can be utilized to recover the error blocks in the transmitted 
3D bit-stream. The performance of 3D video transmission over wireless channels – error prone and band-limited – can 
be further improved with a Joint Source Channel Coding (JSCC) approach [12]. For instance, the error resilience 
schemes for 3D video transmission can employ error correction codes to protect different 3D video components 
unequally [13]. However, the introduction of redundant data (e.g., Forward Error Correction (FEC) codes) to the 3D 
video bit-streams demands more system resources such as storage and bandwidth. Error concealment techniques can 
also be applied as post-processing at the receiver side to compensate for missing video content [14]. However, the 
reliability of these techniques is heavily dependent on the availability of surrounding information near the error position 
in the same view or in the corresponding view. Therefore, error recovery techniques, which do not impose any 
additional overhead to already resource demanding 3D video applications, are necessary to transmit 3D video more 
efficiently.  
 
The transmission system parameters (e.g., Modulation Coding Scheme (MCS), transmission power) can be utilized to 
prioritize different video components based on their importance towards improved perceptual quality. In the case of 
prioritized transmission, based on allocated system parameters, each video component may face different channel 
conditions (e.g., packet losses), and the most important parts of the video stream will be given more protection than less 
important parts. For example, the Unequal Power Allocation (UPA) scheme proposed for scalable video streaming in 
[15] allocates different power levels for scalable video layers based on their importance. Similarly, 3D video 
components can be prioritized based on their perceptual importance. Thus, the proposed prioritization scheme assigns 
different access priorities to the wireless medium based on the importance of each coded 3D component. 
 
This section is organized as follows. Section 3.1.2.1 describes the proposed prioritization scheme for 3D video in detail. 
The prioritization of data streams over IEEE 802.11e is also presented in this section. The experimental work and 
results are discussed in Section 3.1.2.2.  Section 3.1.2.4 includes the conclusions. 

3.1.2.1 The Proposed Prioritization Scheme for 3D Video Distribution over WLAN 
The monoscopic video plus depth map 3D video representation is widely considered in research and standardization 
activities due to its simplicity and adaptability [16][17]. The colour image sequence is projected to the 3D space based 
on the depth pixel values, and this method is commonly known as Depth Image-Based-Rendering (DIBR) [16]. 
Moreover, this format can be utilized to provide backward compatible 3D video services, where conventional users can 
view 2D video content by neglecting the depth map stream. With this representation, colour video is the only texture 
information that is directly viewed by the users. Therefore, the loss of colour video packets will be more noticeable to 
users (i.e., both 2D and 3D viewers) than the loss of depth video packets. Furthermore, the colour video itself provides 
certain depth cues (e.g., identification of objects in the foreground and background) during 2D viewing. Therefore, the 
colour video stream should be allocated more protection compared to the depth map packets in general. 
 
Detailed depth maps are required to generate good quality 3D video using the DIBR technique, especially when the 
rendering view is too far from the original view. However, the quality of the depth map does not need to be significantly 
high to render good quality stereoscopic video content which is approximately 6cm apart [18][19][20][21]. For 
example, the effect of depth map compression on depth perception is not significant according to [18][19]. Furthermore, 
the effect of depth map transmission errors on the quality of reconstructed 3D video is insignificant compared to the 
quality degradation due to the loss of colour video packets [20]. The study in [20] also highlights the importance of 
prioritizing colour video data ahead of depth map information in order to improve the perceived 3D video quality. 
Moreover, the quality evaluation carried out in [21] shows that the effect of packet losses on depth perception is lower 
compared to the effect of packet losses on overall image quality. The scheme proposed here therefore allocates higher 
priority for the colour image stream than the depth map stream to improve the overall quality of received 2D/3D video. 
  
The block diagram of the proposed prioritization scheme is shown in Figure 8. The extractor module separates the 
received 3D video stream into two colour and depth map packet streams. The prioritization module then maps the 
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colour and depth bit-streams into different medium access levels after evaluating prevailing channel conditions. The 
functionality of the Prioritization module is described below. 
 

 

Figure 8 – The block diagram of the proposed prioritization scheme. 

3.1.2.1.1 Prioritization of 3D video streams with IEEE 802.11e 
IEEE 802.11, developed with the Distributed Coordination Function (DCF), is characterised by an easy to implement 
and robust Medium Access Control (MAC) protocol for best effort services in the wireless medium [22]. However, with 
DCF, a station might have to wait an arbitrarily long time to send a frame, so that real-time applications such as voice 
and video may suffer [23]. The IEEE 802.11 working group has developed a new standard known as IEEE 802.11e [24] 
to provide QoS support for demanding multimedia applications with stringent requirements. IEEE 802.11e defines a 
single coordination function, called the Hybrid Coordination Function (HCF), which comprises two medium access 
mechanisms, namely, contention-based channel access and controlled channel access. In particular, the content-based 
channel access is referred to as Enhanced Distributed Channel Access (EDCA), which is an extension to legacy DCF 
and provides the MAC layer with per-class service differentiation. The QoS support is realized with the introduction of 
Traffic Classes (TCs) or Access Classes (ACs). With this approach, frames are delivered through multiple backoff 
instances within one station. These multiple backoff instances can be assigned to different traffic categories (i.e. 
TCs/ACs). Consequently, these TCs/ACs get prioritized accesses to the wireless medium since they start transmitting at 
different time instances [24]. The implementation of legacy DCF and EDCA with different traffic classes and 
independent transmission queues are shown in Figure 9. The priority levels for each TC/AC can be differentiated based 
on the parameters selected for Contention Window (CW) size (e.g., CWmin, CWmax), Arbitrary Inter Frame Space 
(AIFS) number and retransmitting limit [24]. Depending on the traffic class being assigned, the particular traffic will 
undergo different packet-dropping probabilities and delay constraints. Therefore, the proposed transmission solution 
with IEEE 802.11e assigns higher priority for the most important parts of the video bit-stream whereas less important 
components are assigned to a lower priority TC/AC [25]. 
  
In general, all video streams are assigned the same access priority (i.e. to the same TC/AC). For example, in case of 3D 
video transmission, both colour and depth bit-streams should be mapped to the video TC/AC. However, increased 
traffic in one access class will again degrade the quality of all the bit-streams in that particular traffic class (e.g., 3D 
video stream, 2D video streams) as all are transmitted with the same backoff time parameters. For instance, the number 
of colour video packets lost may be higher compared to the number of packets lost from the depth image stream. As a 
solution, the packet-streams which are initially assigned to the same traffic/access class can be later assigned into a 
different priority traffic class based on their importance in order to increase the robustness of most important video 
streams. Thus, here the colour image sequence is mapped to a higher priority traffic class whereas the depth image 
sequence is mapped to a relatively lower traffic class. Even though the quality of the colour image sequence is going to 
be improved with the proposed method, the depth quality will be degraded and will have larger delay characteristics. 
Therefore, the selection of priority levels should be performed after considering the network load of the home/office 
environment and other contextual information such as user preferences. 
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Figure 9 – Virtual backoff of Traffic Categories (TCs) with DCF (left) and EDCA (right) methods. 

3.1.2.2 Experimental Setup  
The Orbi, Interview, Breakdance, and Ballet sequences are coded with backward compatibly layered configuration (i.e., 
colour and depth video are coded at the base and enhancement layers respectively) of JSVM reference software codec 
version 9.8. The Orbi and Interview sequences are in 720x576 pixels resolution, and are captured at 25frames/s. The 
resolution and frame rate of the Breakdance and Ballet sequences are 1024x768 pixels and 15frames/s. 100 frames of 
these sequences are coded in slices of 200 bytes with IPPP… sequence format and Content Adaptive Binary Arithmetic 
Coding (CABAC). The slices are introduced to facilitate packet video transmission and robust decoding. The bit-stream 
extractor module of JSVM is utilized to extract base and enhancement layer packets at the WLAN Transmitter (i.e., 
home/office gateway). The lost slices of each frame are concealed with frame copy/slice copy method of JSVM at the 
decoder. 
 
The proposed scheme has been tested for performance over a simulated WLAN environment. A wireless scenario with 
seven nodes is considered. Four different ACs, namely AC_VO, AC_VI, AC_BE, and AC_BK, are employed for voice, 
video, best-effort and background traffic respectively. The AC_VO has the highest access priority to the wireless 
channel whereas AC_BK class traffic has the least access priority. 3D video streaming (i.e., colour and depth video 
streams) is simulated as flowing from the Access Point (AP) to a node (i.e., Node 2 in the simulation) in the wireless 
network. When no prioritization is taking place for 3D video, both colour and depth video streams are allocated to the 
video access class (i.e. AC_VI), as shown in Table 7. In order to check the performance of the proposed prioritization 
scheme, the depth video stream is mapped first to best-effort (i.e., AC_BE) and then to background (i.e., AC_BK) 
access classes. The services used by each node and their access classes in the simulation are listed in Table 7. Different 
prioritization levels for each access class are obtained through changing the CW parameters (i.e., CWmin, CWmax and 
CWoffset) of each station. A total simulation time of 30s is considered. This simulation is run for 20 times to obtain 
average results. 
 

Stream Service Access Class (AC) 
1 Voice (flows from AP to Node 1) AC_VO 

2 
Colour video stream of 3D video with 
200bytes MTUs (flows from AP to Node 2 
over UDP) 

AC_VI 

3 
Depth map stream of 3D video with, 200 
bytes MTUs (flows from AP to Node 2 
over UDP) 

AC_VI (no prioritization), 
AC_BE and AC_BK 

4 
2D video streaming with 1024 bytes MTUs 
(flows from AP to Node 3 over UDP) 

AC_VI 

5 
FTP stream with 1500 byte MTUs (flows 
from Node 4 to Node 5 over TCP) 

AC_BE 

6 
FTP stream with 256 byte MTUs (flows 
from Node 5 to Node 6 over UDP) 

AC_BE 

7 FTP stream with 256 byte MTUs (flows AC_BK 
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from Node 6 to Node 7 over UDP) 

Table 7 – Simulated Data streams over WLAN. 

3.1.2.3 Results and discussion 

Table 8 shows the average packet loss rates and delay characteristics with and without prioritization. The average 
packet loss rate is reduced for the colour stream when the depth stream is mapped to a lower prioritization access class 
(i.e. AC_BE, AC_BK). However, due to other traffic in lower priority access classes, the depth bit-stream faces 
comparably higher average packet loss rates. The delay characteristics are also improved for the colour bit-stream, 
when the depth bit-stream is mapped to a lower prioritization class. According to Table 2, the depth stream is subjected 
to longer delays, when it is assigned to a lower prioritization access class than when it is mapped to AC_VI. However, 
depth stream delay characteristics are at acceptable levels compared to the delay requirements of real-time multimedia 
applications. 

 

Average Packet 
Loss Rate (%) 

Delay Characteristics (ms) 

Colour Stream Depth Stream Depth Priority 
Colour 
Stream 

Depth 
Stream Min Max Mean Min Max Mean 

Depth @ AC_VI  
(no prioritization) 

3.2 3.2 0.12 55.21 39.72 0.30 55.96 39.94 

Depth @ AC_BE 0 5.22 0.12 7.91 0.91 0.12 101.22 76.07 
Depth @ AC_BK 0 8.74 0.12 7.95 1.03 0.12 249.39 168.82 

Table 8 – Average packet loss rate and delay characteriscts with and without prioritization. 

The reconstructed image quality under these conditions is shown in Table 9. When both colour and depth map streams 
are mapped to the same video access class (i.e. AC_VI), the qualities of both streams are at acceptable levels. However, 
the colour image quality is lower or at similar level to that of the corresponding depth map stream in most of the cases. 
When the depth bit-stream is mapped to a lower priority access classes, colour image is reconstructed with superior 
quality and hence can be used to deliver better quality 2D/3D video services. Figure 10 illustrates sample frames from 
each test sequence with and without the use of proposed prioritization scheme. This figure also shows improved colour 
image quality, achieved with the proposed method compared to the un-prioritized transmission of 3D video. However, 
due to reduced priority access to the wireless medium, depth stream has been subjected to higher packet loss 
probabilities than the colour image stream. Therefore, the depth image quality has been degraded with the proposed 
system (see Table 9). Moreover, according to Table 9, the depth quality degradation is significant for high motion 
activity sequences such as Orbi and Ballet. Sample depth frames with the proposed system are shown in Figure 11. This 
also shows that depth image quality is reduced even though some depth map characteristics (e.g. identification of 
different objects) are still remaining intact. According to these objective results and subjective illustrations, it can be 
concluded that the proposed method allows the colour image to be reconstructed with better quality compared to the 
depth map sequence. 

 
Orbi PSNR (dB) Interview PSNR (dB) Breakdance PSNR (dB) Ballet PSNR (dB) 

Depth Priority 
Colour Depth Colour Depth Colour Depth Colour Depth 

Depth @ AC_VI 
(no prioritization) 

31.88 34.82 35.24 38.60 34.70 34.67 35.61 33.30 

Depth @ AC_BE 37.95 31.32 37.15 35.92 38.14 31.61 39.23 29.68 

Depth @ AC_BK 37.95 29.53 37.15 33.89 38.14 29.52 39.23 27.59 

Table 9 – Image quality with and without prioritization.  

 

  
   Without prioritization       With prioritization      Without prioritization         With prioritization 
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    Without prioritization     With prioritization   Without prioritization            With prioritization 

Figure 10 – Sample colour frames with and without the proposed prioritization scheme (both colour and depth 
streams @ AC_VI): Orbi (Top left), Interview (Top r ight), Ballet (Bottom left) and Breakdance (Bottom right). 

 

       
          Original Depth             Depth @ AC_VI               Depth @ AC_BE             Depth @ AC_BK 

Figure 11 – Sample Orbi depth frames with and without the proposed prioritization scheme. 

However, subjective tests are conducted to evaluate the effect of these impaired depth images on the perception of 3D. 
The test sequences are displayed on Philips multi-view autostereoscopic display (42”) and Single Stimulus Quality 
Scale (SSCQS) method is utilized to obtain each subject’s feedback. Subjects rate the test sequences for two 3D 
perceptual attributes namely, overall image quality and depth perception. The Mean Opinion Scores (MOS) are 
calculated for each test sequence after averaging the opinion scores across all subjects.  Figure 12 (Orbi/Interview) and 
Figure 13 (Break dance/Ballet) show MOSs for overall image quality and depth perception.  The test points A,B,C, and 
D in x-axis refer to the error free condition, depth @ AC_VI, depth @ AC_BE, and depth @ AC_BK respectively. 
When the depth stream is mapped to the same access class as colour stream (i.e. AC_VI), both overall image quality 
and depth perception degrades rapidly (see test point B of Figure 12 and Figure 13) compared to the error free case. The 
overall perception of image quality has improved with the proposed prioritization scheme (see test points C and D of 
Figure 12 and Figure 13). However, perceived image quality is not as good as that of error free conditions when the 
depth stream is mapped to the best-effort (i.e. AC_BE) or background (i.e. AC_BK) access classes. This suggests that 
overall image quality is influenced by highly corrupted depth map sequences. Furthermore, the amount of degradation 
in perceptual quality is not significant when depth bit-stream is mapped from best-effort access/traffic class (i.e. 
AC_BE) to the background access/traffic class (i.e. AC_BK). The depth perception attribute of 3D viewing is not 
affected by the impaired depth images received with the proposed prioritization scheme. It is evident that the improved 
colour image quality achieved with the proposed method has positively influenced depth perception (the resultant good 
quality colour images have provided additional depth cues to keep the depth perception at acceptable levels).   
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Figure 12 – Orbi and Interview subjective quality (Col: Overall image quality and Dep: Overall depth 
perception) with and without prioritization.  
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Figure 13 – Breakdance and Ballet subjective quality (Col: Overall image quality and Dep: Overall depth 
perception) with and without prioritization. 

3.1.2.4 Conclusion 
A prioritization scheme for colour plus depth 3D video transmission (backward compatible 3D video services) over 
WLAN is proposed and analyzed. The colour and depth streams have different usage and importance towards the 
reconstructed content and perceptual quality. As colour image sequences are directly viewed by 2D/3D users and due to 
the possibility of rendering good quality stereoscopic video even with impaired depth map sequences (i.e. with 
acceptable depth image quality), they are prioritized ahead of depth map sequences in the proposed prioritization 
method. The solution is implemented using the different priority levels defined in IEEE 802.11e MAC protocol. Results 
show that the overall perception of image quality is improved with the proposed prioritization scheme. Even though the 
depth quality is affected with the proposed scheme, the effect on the perceived depth of reconstructed stereoscopic 
video is insignificant. Therefore, prioritization methods for 3D video as described in this Section can be utilized to 
deliver better 2D/3D video services over unreliable channels. 

3.1.3 IEEE 802.11e -based solution for inter- and intra-access category QoS 
In D3.3b, we discussed a solution for prioritizing scalable video packets in IEEE 802.11e EDCA MAC. The solution 
was similar to the one presented above for 3D video, that is, based on a previous works we could conclude that SVC 
transmission can be optimized in WLAN by allocating video packets with differing priorities into different EDCA 
queues. The typical solution reported in literature is to allocate the SVC base layer (BL) packets to EDCA AC2 
(‘Video’) and the enhancement layer (EL) packets to a lower priority AC1 (‘Best Effort’). However, the new IEEE 
802.11aa task group “MAC enhancements for robust audio video streaming” [26] has introduced the notion of the intra-
AC QoS (i.e. packet prioritization within the same traffic type) for WLANs. This means that WLANs should include 
mechanisms for prioritizing traffic inside an AC in order to not to interfere with the inter-AC QoS (i.e. prioritization 
between traffic types) implemented by the current standard. Based on this idea, we have studied in OPTIMIX a solution 
to support intra-AC QoS for SVC streams in the EDCA MAC. The proposed solution1 applies a new queuing system 
with hierarchical scheduling to incoming video data. In this section, we present the solution as well as selected 
simulation results to show its operation. 

3.1.3.1 The hierarchical scheduling system for video packets 
In standard EDCA operation, incoming packets are divided into four access categories depending on their assigned 
priority (indicated e.g. via a DiffServ codepoint) to wait for transmission, as explained in D3.3b as well as in Section 
3.1.2.1. In our hierarchical scheduling approach presented in Figure 14, we have two AC2 video queues: a high priority 
video queue (AC2_HPQ) and a low priority video queue (AC2_LPQ), instead of just one. No modifications are required 
to the other EDCA AC queues. We also assume that the default EDCA parameters are used in the access point to 
regulate the channel access of the different ACs. 

                                                           
1 The solution as well as its implementation and evaluation in OPNET have been described in a conference paper titled 
‘MAC-level Prioritization and Scheduling for Enhanced Scalable Video Transmission’. The paper has been accepted for 
a presentation at the CCNC’11 conference. 
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Figure 14 – EDCA queuing system extended with intra-AC QoS support for video traffic.  

Incoming SVC video packets are placed into the two AC2 queues by the Classifier based on their priority so that the 
base layer packets go to AC2_HPQ and all enhancement layer packets to AC2_LPQ. We also introduce a second 
scheduler to the EDCA queuing system to select the next video packet for transmission from the two queues. This 
scheduler is triggered every time AC2 is selected for transmission by EDCA. The proposed hierarchical scheduling 
approach thus allows prioritizing the more important base layer packets over the lower importance enhancement layer 
ones without interfering with the inter-AC QoS implemented by EDCA. 
 
The link buffer management in standard EDCA follows the principle of dropping a newly arrived packet, if it does not 
fit into its intended AC queue. In our improved solution, we apply intelligent packet dropping to the two video queues 
following the principle of dropping the lower priority video packets first before starting to drop the higher priority ones. 
Thus, under congestion, packets stored in AC2_LPQ are removed from the queue in order to fit in base layer packets 
into AC2_HPQ. To distinguish between packets belonging to the different enhancement layers, we mark the packets 
belonging to the lower-priority second enhancement layer with the Drop Eligibility Indicator (DEI) before inserting 
them into AC2_LPQ as proposed in [26]. The link buffer management uses DEI to select packets to be dropped from 
the AC2_LPQ under congestion. The link buffer management drops always the last arrived packet with DEI set from 
AC2_LPQ, if available, before starting to drop other packets. Moreover, the video scheduler drops any AC2 head-of-
line (HOL) packet, if its queuing time exceeds an allowed limit. Naturally, the maximum allowed queuing delay is 
application dependent and should be changed dynamically, but for simplicity, we use a constant limit of 500 
milliseconds in our experiments. 

3.1.3.2 Simulation analysis 
In order to experiment the proposed hierarchical scheduling solution with intelligent queue management, we have 
integrated it into the EDCA model of the OPNET simulator (15.0). In the simulations, we compared the performance of 
three modes of operation in terms of video QoS support in IEEE 802.11e MAC: the standard EDCA mode where all 
video packets are mapped to AC2; the modified EDCA mode proposed in literature where video packets are mapped to 
AC2 and AC1 based on their priority (i.e. base layer packets are mapped to AC2 and enhancement layer packets to 
AC1); and our hierarchical scheduling mode. The mapping is illustrated in Table 10. 
 

SVC QL Standard EDCA Modified EDCA Hierarchical 
00 (‘BL’) AC2 AC2 AC2 (HPQ) 
01 (‘EL1’) AC2 AC1 AC2 (LPQ) 
10 (‘EL2’) AC2 AC1 AC2 (LPQ) 

Table 10 – Mapping of SVC layers to EDCA ACs in the different cases. 

All the AC queues have the same maximum buffer size of 75 Kbytes (i.e. about 50 packets, which is a typical for 
EDCA deployments). In the hierarchical mode, the two video queues share the buffering resource allocated to AC2. 
 
During a simulation run, the wireless link is congested with quality-scaled SVC stream (starting at 50 seconds) as well 
as interfering FTP traffic (download of a 1.25 MB file starting at 150 seconds). The video used in the simulations is a 
three-layer quality scaled one, that is, it has two enhancement layers in addition to the base layer. The average bit rate of 
the video is 748 Kbps with just the base layer, 1514 Kbps with the first enhancement layer, and 2075 Kbps with the 
second enhancement layer. No emulation is used, but the video traffic characteristics (Network Abstraction Layer Unit 
(NALU) size, send time, priority) are read from a trace file that was generated from the Akiyo clip encoded with JSVM 
(16 GOP, 30 fps, CIF). The NALUs are also fragmented to maximum size of 1460 bytes at the application layer to fit 
into the maximum transfer unit (MTU) of Ethernet links. The fragmentation is done according to the FU-A scheme 
defined in RTP payload format for SVC. Finally, to test the performance of the different WLAN QoS schemes under 
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different levels of congestion, we also vary the bit rate of the WLAN connection in the IEEE 802.11b range (i.e. 1, 2, 
5.5, and 11 Mbps). 
 
Each simulation case was run 10 times varying the seed to make sure that the results converge. The results presented 
here are the averages of the values across the different runs. The biggest differences between the three video QoS 
support schemes can be seen in the cases where the wireless link gets congested, that is, when the bit rate of the WLAN 
link is reduced to 1, 2 or 5.5 Mbps. The situation is the clearest in the 1 Mbps case, shown in Figure 15 – Figure 17. 
 

 

Figure 15 – SVC base layer throughput perceived by the streaming client over 1 Mbps link. 

 

Figure 16 – TCP throughput measured in FTP client over 1 Mbps link. 

 

 

Figure 17 – Average packet drop rate in access point for different AC queues over 1 Mbps link. 
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The results show the differences of the tree compared QoS schemes. The modified EDCA mode performs the best in 
terms of SVC base layer throughput as only few base layer packets are lost in this mode even though the wireless link is 
heavily congested. This is made possible by directing the SVC enhancement layer traffic to AC1 instead of AC2. 
Therefore, more buffering resources are left for base layer traffic in AC2 causing a smaller chance for a buffer 
overflow. Also no maximum queuing time is applied in this case so all the packets that fit in the buffer were also sent.  
However, as can be seen from Figure 16, the FTP traffic does not go through the wireless link at all in the modified 
EDCA mode. This is because the enhancement layer traffic causes congestion in AC1 resulting in random packet drops 
for both video and FTP data in the access category. Instead, the standard EDCA mode and the hierarchical scheduling 
solution proposed in this section maintain the inter-AC QoS during video streaming as they do not allow the video 
traffic to take over all the available network bandwidth in case of congestion. Thus, they can be considered as 
applicable QoS solutions also for larger networks due to their scalability.  
 
The fairness, however, comes at the cost of the video streaming performance. As seen from Figure 17, only about 20% 
of the SVC base layer gets through the wireless link in the standard EDCA mode. This is because the congestion in 
AC2 causes random packet drops for both the base layer and the enhancement layers. Moreover, the fragmentation of 
the video packets in the server increases the loss rate perceived by the streaming client. This is because the loss of just 
one fragment will result in the loss of the whole NALU. The hierarchical mode performs better. We can see from Figure 
15 that the SVC base layer throughput drops in the hierarchical scheduling mode only due to congestion losses during 
the FTP session but the base layer transmission restores immediately after the file transfer stops. And when looking into 
the measurement results, all the measured base layer packet losses in the hierarchical mode are in fact caused by 
exceeding the maximum allowed queuing time (500 ms) and not from exceeding the buffer as is the case in the other 
schemes. From the results we can see that in the hierarchical scheduling mode, the base layer experiences packet losses 
only when the wireless link bit rate is 1 Mbps and there is other traffic in the link. The base layer throughputs on 
different link rates in the simulation scenario are shown in Figure 18. 
 

 

Figure 18 – SVC base layer throughput on different link rates. 

 
The operation of the hierarchical scheduling scheme can be seen from the throughput measurements of the base layer as 
well as the two SVC enhancement layers, of which measured throughputs are shown in Figure 19 and Figure 20. The 
scheduler gradually increases the portion of enhancement layer traffic as the available bandwidth in the wireless link 
increases. Differentiation between the two enhancement layers is supported and the more important first enhancement 
layer is prioritized over the less important second enhancement layer. The enhancement layers are fully transmitted 
without losses only when the wireless link bit rate is 11 Mbps. It is to be noted though that at 5.5 Mbps, packet drops 
occur in AC2_LPQ only periodically at the point of big spikes in the enhancement layers’ bit rate. The performance 
could thus be improved by using an SVC encoder with better rate control. 
 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D3.3c version 1.0 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 24/46 

 

Figure 19 – First SVC enhancement layer throughput on different link rates. 

 

 

Figure 20 – Second SVC enhancement layer throughput on different link rates. 

3.1.3.3 Conclusion 
The simulation results presented in this section proved the usefulness of the hierarchical scheduling scheme in 
optimizing scalable video delivery in IEEE 802.11e networks. The solution was verified with a set of OPNET 
simulations where its performance was compared against a standard EDCA implementation as well as a modified one 
proposed in the literature. The hierarchical scheduling scheme for EDCA was shown to support both inter- and intra-
traffic class QoS for scalable video transmission, which is important for scalability, unlike the other two schemes. As 
future work, we plan to develop our scheduling logic further and to investigate the integration of our solution also to 
other wireless systems. 

3.2 MAC layer scheduling for (MIMO) OFDMA solutions  
An important issue considered in the OPTIMIX project is the possibility for our optimization solutions to operate in 
contexts of heterogeneous traffic. In this kind of scenario several traffic classes coexist, having different characteristics 
and specific requirements. In particular, we have considered the presence of two types of users: OPTIMIX users, 
interested in real-time audio/video communications, and non-OPTIMIX users, typically characterized by non real-time 
data traffic. As described in [31], the Master Application Controller takes into account only the first class of users, 
while the Base Station Controller has to consider both during its optimization process. The optimization task performed 
at the BS is stated as a sum-rate (SR) or a weighted sum-rate (WSR) maximization problem subject to several 
constraints. As reported in [31] and [32], the object function which is maximized to schedule the transmissions and 
assign the radio resources is given by  
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where K is the number of users, Sk is the set of frequency subchannels assigned to user k, D is the set of feasible power 
allocation strategies, pk(n) is the transmission power assigned to user k on frequency subchannel n, rk(n,p) is the rate 
achievable for user k on subchannel n with transmission power p and mk is a proper weight whose meaning is described 
in the following.  
 
Considering a communication scenario with heterogeneous traffic, the BS needs to schedule the transmissions to the 
different users based on some priority rule. The introduction of the weight parameters mk’s allows exactly discriminating 
among the different priority classes. In fact, the optimal solution of our WSR problem will tend to privilege the users 
with high weights, scheduling their packets and allocating more power and resources to them. Based on the weighted 
approach described in [32], the value of the parameters mk’s can be iteratively and periodically updated. For the sake of 
simplicity, in the following we identify the OPTIMIX users with the real-time (RT) users present in the system, whose 
main requirements are related to both throughput and transmission delay, while the non real-time (NRT) users are non-
OPTIMIX users and their requirements concern only the achieved throughput. The weights mk’s are differently 
calculated for the two user categories, namely: 
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where we have used the following notations: 

- tk is the time spent in queue by the head-of-line (HOL) packet for user k; 
- g and a are proper constant values; 
- bk is a constant value representing the initial priority for each NRT user; 
- Ak  is a parameter iteratively updated in order to guarantee a similar level of “throughput satisfaction” for each 

user (fairness).  
 
As it can be noted from the expression above, in order to reduce the transmission delay for the RT user, their mk’s are 
exponentially increasing with tk.. Hence the resource allocator tends to favour those RT users whose packets have spent 
more time in the buffer. Also the achieved transmit throughput is considered by the algorithm to define the priority 
values. In particular, the user priority is taken into account by updating the parameter Ak. based on the currently 
achieved throughput. As described in more details in [32], the update of the Ak’s is based on a low-complexity iterative 
algorithm.  
 
As it will be shown in the following simulation results, the benefit of introducing this adaptive weight policy is twofold: 

- it allows to reach a consistent level of performance among the RT users and a good level of fairness in terms of 
throughput, 

- it avoids that RT user priorities grow excessively (given the exponential delay dependence), at disadvantage of 
the NRT users. 

3.2.1 The Jain’s Fairness Index 
In order to address the fairness issues in scenarios with heterogeneous traffic, we considered several metrics proposed in 
the literature. In particular, the Jain’s Fairness Index (JFI) has been selected to compare the fairness performance of 
different scheduling and resource allocation systems, because it is very common and simple to evaluate. The classical 
definition of the JFI is given by: 
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where K is the number of users and ix  is the throughput reached by the i-th user. The JFI values range from 
K
1  (worst 

case) to 1 (best case). The maximum value is reached when all users achieve the same throughput and, as a 
consequence, the maximum fairness is reached. Since in our scenarios the users can be characterized by different 
throughput requirements, we slightly modify the traditional definition, by normalizing the throughput values, i.e.  
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where the throughput reached by the i-th user, xi, is now normalized to the target value 
ix̂ . Clearly, this JFI reaches its 

maximum when the throughput of each user concedes with the corresponding
ix̂ . Exploiting this version of the JFI, it is 
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therefore possible to compare different multi-user scheduling and resource allocation solution in scenarios where the 
users are characterized by different throughput requirements.  

3.2.2 Simulation analysis 
In this section, we present an example of results obtained with the described prioritized multi-user queue system and the 
scheduling/allocation algorithms reported in [31] and [32]. The considered scenario has been depicted in Figure 21: the 
OPTIMIX server transmits H.264 video sequences to the 5 users connected to the same base station. Then, within the 
BS, the Ipv6 packets are independently sent to the 5 RT users. Although not directly visible in Figure 21, two additional 
NRT users have been considered in our simulations. From a practical point of view, the traffic for the NRT user is 
simulated by periodically generating data packets within the BS and scheduling their transmission together with the 
video packets coming from the OPTIMIX server. 
 

 

Figure 21 – The Optimix downlink network architecture. 

In the considered scenario, either the BS or the mobile terminals are single-antenna systems. The modulation is OFDM 
based, with 256 data subcarriers divided in 8 frequency subchannels. Each physical radio frame is composed of 72 
OFDM symbols, divided in 6 time slots. The granularity of the allocation process is the resource block (RB), formed by 
32 subcarriers (1 frequency subchannel) along 6 OFDM symbols (1 time slot).  The radio channels are modelled as 
Rayleigh block fading channels, with the same channel coherence time of 100 ms. In addition to fast fading, log-normal 
block fading is taken into account, in order to model slowly varying shadowing effects (sdB = 4 dB and block duration 
of 2 s). The users are characterized by different median signal-to-noise power ratios Es/N0, where Es is the received 
energy per OFDM symbol and N0 is the one-sided noise power spectral density. The channel coherence bandwidth is 
approximately 500 KHz, while the total bandwidth available for transmission is about 4.0 MHz. At the BS, the size of 
each buffer in the DLL has been fixed to 100 KB. Each video stream is characterized by an average data rate of 465 
kbps, which constitutes also the target throughput required by each RT user. The data rates (and, consequently, the 
target throughputs) for the two NRT users are 300 kbps and 350 kbps, respectively.  
 
We compare the performance obtained applying different scheduling and allocation techniques in conjunction with the 
AMC scheme described in [31] and [32]. In particular we consider 4 transmission policies: 

 
1. OFDMA (WSR) – The scheduling and resource allocation is stated as a weighted sum-rate maximization 

problem. The BS Controller processing is based on dual Lagrangian optimization and the AMC technique 
described in [31] has been applied. Iterative adaptation of the parameters Ak is also applied. 

2. TDMA – The multi-user scheduling strategy is a simple round-robin policy among the users having some data 
in the transmission buffer.  

3. OFDMA (SR) – The scheduling and resource allocation is stated as a sum-rate maximization problem. A dual 
Lagrangian optimization is performed by the BS Controller and the AMC technique described in [31] has been 
applied. The algorithm apply the same constant priority mk = 1.0 to all the users, real-time and non real-time.  

4. TDMA WF – The multi-user scheduling is the same as in the TDMA case, but the power for each user is 
optimally distributed across the subcarriers, based on the Water-Filling (WF) principle.  

 
In Figure 22, we have reported the state of the user buffers with the different techniques considered. The blue dotted 
line indicates, in each graph, the buffer capacity. In particular we note that the weighted sum-rate (WSR) maximization 
criterion is capable to serve all the users without completely filling any buffer. On the contrary, the other techniques are 
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not capable to reach a sufficient throughput in case of low-SNR users. In both cases, with and without WF, the TDMA 
schemes achieve the worst results while the OFDMA SR technique is able to guarantee a sufficient throughput only for 
the users with the best SNR values. More details about the throughput performance are given in [32]. 
 

 

Figure 22 – State of the buffers for the different users with different multiple access techniques  
and BS controller algorithms. 

In Figure 23, we report the average delay affecting the transmitted packets in the described situations. Again, we note 
the improvements that OFDMA-based scheduling and allocation techniques entail with respect to more traditional 
transmission mechanisms. Clearly a WSR criterion tends to favour the RT users, at cost of a higher delay for NRT 
users. On the contrary, with a SR strategy, there is no distinction among the various users and the packets for the NRT 
users spend less time in the buffers.  
 
A further demonstration of the advantages of the OFDMA WSR strategy is depicted in Figure 24, where, for each user, 
the number of packets received at the BS and the number of discarded packets are reported. In the considered 
simulations, the WSR solution is the only capable to ensure no packet drops.  

 

Figure 23 – Average delivery delay obtained with the different techniques. 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D3.3c version 1.0 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 28/46 

 

Figure 24 – Comparison between the number of generated and discarded packets,  
obtained with the different techniques. 

With a second round of simulations we have compared the performance reached with and without a dynamic adaptation 
of the weights. In practice, we have applied the same OFDMA WSR technique, either updating the parameters Ak based 
on the achieved throughput and maintaining the value Ak = 1. In the latter case, the RT weights depend only on the time 
spent in queue by the HOL packets, i.e. a+g= kt

k em , while the NRT priority is kept fixed to a small constant value. A first 
comparison is illustrated in Figure 25, where the average delivery delay has been reported for each user. Without weight 
adaptation, the BS controller tends to primarily assign the radio resources to the RT users and only when their traffic 
has been disposed, the NRT packets are scheduled. As it can be noted from Figure 25, the first effect of the weight 
adaptation algorithm is that the average delivery delay for the NRT users are made more uniform. This means that both 
the NRT users are allocated more frequently and their throughputs increase significantly, as shown also in [32]. As a 
consequence, an increment in the delay experienced by the RT users is somehow expected and tolerated. Some details 
about the throughput achievements and more comments on the WSR solution are reported in [32]. 
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Figure 25 – Average delivery delay obtained applying the OFDMA (WSR) technique,  
either with or without dynamic weight adaptation. 

Finally we compare the Jain’s Fairness Index (JFI) achieved in the two cases and computed on successive time intervals 
of 1 s. As illustrated in Figure 26 the fairness indicator is closer to the maximum when the weight adaptation is enabled. 
More specifically, the JFI’s with weight adaptation are always greater than the JFI’s without weight adaptation. 
Computing the JFI on the entire simulation (10 s), the weight adaptation permits to reach an index value of JFI = 9.8 
against a value of JFI = 8.4, obtained in case of no adaptation. 
 

 

Figure 26 – Comparison between the JFI achieved with the OFDMA (WSR) solution,  
with and without dynamic weight adaptation. 
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4 RoHC: reactive behaviour and DCCP extension 
This chapter presents the improvements yielded to the Robust Header Compression (RoHC) [27] scheme: we propose 
first a mechanism to solve decompression problems in bad channel conditions or multicast transmissions and, second, a 
complete compression scheme for headers of DCCP packets. These two works complete the studies presented in D3.3b 
[28] and D3.3a [29] respectively. 

4.1 R-RoHC: a reactive compression scheme 
Results presented in D3.3b showed how the channel conditions could negatively affect RoHC performance: indeed, 
with header compression, the received average throughput could decrease compared to the throughput achieved without 
RoHC. This phenomenon, which can be more frequently identified when long bursts of errors affect the 
communication, is related to the loss or the discarding of corrupted IR (i.e., uncompressed) packets at the receiver side, 
which are necessary for the static context creation and the following decompression. We observed that when all the first 
uncompressed packets are lost and the static context is missing, RoHC decompressor is not able to regenerate the 
compressed header of received compressed packets that are, as a consequence, discarded. Only successful reception of 
the IR packets, transmitted every IR_TIMEOUTs, could initiate a successful decompression phase: since a common 
value of the IR_ TIMEOUT is 1000 packets, several seconds of the multimedia stream can be lost in this way. 
 
D3.3b showed that fine tuning of RoHC compression parameters (i.e., L, IR_TIMEOUT and FO_TIMEOUT) can 
reduce the decompression problems at the receiver side and thus allow RoHC use without losing in performance. 
However, a reduction of the IR_TIMEOUT would increase the frequency of IR packet transmission by increasing the 
time spent in IR and FO RoHC states and thus to the detriment of the average header size.  Furthermore, the best-suited 
values of RoHC parameters dramatically change from channel to channel: it follows that, in order to dynamically 
identify the appropriate values, accurate channel estimation is required.  
 
The goal of this work is to obtain a solution working well and independently of the accuracy of the channel estimation. 
We therefore go beyond parameter tuning by introducing a novel but standard-compliant approach: a Reactive Robust 
Header Compression scheme (R-RoHC). As explained above, decompression problems are due to missing or corrupted 
reception of IR packets. The idea is thus to send few IR packets only when needed, i.e., when the static context is 
missing at the receiver side, without modifying RoHC state machine and its timeouts. We introduce a context recovery 
event that triggers the transmission of IR packets from any compression state (i.e., IR, FO or SO): after the generation 
of these IR packets, the compressor returns to the generation of header types corresponding to its actual state. 
 
Two different schemes are considered for the IR transmission and evaluated by simulation: 
- The transmission of a fixed number of IR packets 
- The transmission of a varying number of IR packets: the number of uncompressed packets is increased with the 

number of static context recovery attempts. Indeed, we propose to send one IR packet the first time, two IR packets 
the second time, and so on in order to increase the probability to receive a correct IR packet while limiting the 
overhead. 

 
This mechanism, difficult to implement without knowledge of the decompressor status, can be easily introduced in the 
OPTIMIX system architecture by exploiting the OPTIMIX triggering engine [30], which allows the exchange of 
information (i.e., triggers) between a trigger source and a trigger consumer. We selected as the trigger of the static 
context recovery the number of packets transmitted by the RoHC module to the upper layer. If this number is equal to 
zero, all the packets are discarded between the source and the destination. Besides link failure, a possible reason is the 
unavailability of the static context at the RoHC decompression module, with the consequent discarding of all the 
received packets. We moreover select as trigger source the RoHC module at the client side and as consumer the BS 
Controller at the Base Station (i.e., at RoHC compression side). It has to be noted that the triggering engine allows the 
subscription to specific trigger values via the use of filters: the BS Controller can thus subscribe to a value equal to zero 
for the selected metric. The aim of this subscription is twofold: first, a minimum overhead introduced in the network; 
second, a fast reaction of the compressor to problems in the static context creation. Indeed, since the trigger is 
transmitted to the Base Station only when no packet exits from the RoHC decompressor, the evaluation of this metric 
can be frequently done: we decided to compute it every 100ms.   
 
To resume, the method proposed here allows restoring header decompression with a very low reaction time in case of 
degraded channel conditions. It has to be pointed out that the same scheme can be successfully employed to solve 
RoHC issues in multicast streaming, as explained in the following.  
 
In multicast transmissions, the compressor (i.e., the RoHC module at the Base Station) enters in the IR state as the first 
video packet is transmitted in that cell, that is, when the streaming starts after the reception of the first RTSP request. 
When a new user in the same cell requests the same stream, the compressor may be in the First or Second Order state. 
In that case, the new joiner won’t be able to reconstruct the whole header until the full context is received (i.e., when the 
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compressor goes back to the IR state). The new joiner will thus lose packets for a time period uniformly distributed 
between 0 and IR_TIMEOUT- L (i.e., the maximum time without static context). By introducing the trigger described 
above and the R-RoHC protocol, after a short time (~100ms) the RoHC module at the second client sends to the Base 
Station a trigger indicating that zero packets are transferred to the upper layers, thus signaling the connection of a new 
user after the transmission of uncompressed packets by the Base Station. At the reception of this trigger, the BS sends 
the IR packets, enabling in this way the video reception by all the users. 

4.1.1 R-RoHC in unicast streaming: simulation results  
In this section, we present the simulation results obtained with the OMNeT++ simulator developed by the project 
partners. We consider the streaming of a single video (the Foreman reference sequence with a bit rate of 440 kb/s) 
toward a single user and we study RoHC performance on a NLOS scenario, with a mobile client moving at the speed of 
2 or 3 Km/h. 
 
The results presented in the following are obtained by setting the standard deviation of the log-normal shadowing of the 
Rayleigh block fading channel to 0 and the coherence time to 0.2 s. At the physical layer we perform a QPSK 
modulation but we do not apply any channel coding in order to have a sufficient amount of errors on the packet header 
to verify RoHC performance. No losses are introduced on the wired network. We finally set RoHC parameters as 
follows: IR_TIMEOUT=1000, FO_TIMEOUT=100, L=2 packets. 
 
In Figure 27, we compare the average throughput obtained at the transport layer (i.e., after RoHC decompression) as a 
function of the signal-to-noise ratio in the following cases: i) no header compression; ii) standard RoHC; iii) R-RoHC 
with the transmission of three IR packets; iv) adaptive R-RoHC and v) adaptive R-RoHC compression of both data and 
triggers. The figure shows that, for medium and high signal-to-noise ratio values, performance obtained when RoHC is 
used supersedes performance without RoHC. Indeed, since UDPLite or DCCP protocols are used at the transport layer, 
a checksum on the packet header only is computed: it follows that the shorter the header the lower the number of 
discarded packets and the higher the throughput. However, as the signal-to-noise ratio decreases, when RoHC is used 
the achieved throughput is lower than the throughout obtained without compression for the reasons explained in the 
previous paragraphs. R-RoHC with a transmission of three IR packets brings a significant gain in the achieved 
performance by offering performance identical to the case without compression even in poor channel conditions. 
Performance further increases when the adaptive R-RoHC scheme is used. We finally evaluate how header compression 
on triggers in the reverse direction affects the received throughput: we can observe that performance remains very good 
even if few decompression errors may affect triggers and thus feedbacks received by the Base Station. 
 

 

Figure 27 – Average throughput for RoHC and R-RoHC protocols. 

To conclude, the adaptive R-RoHC mode is thus selected: indeed, it generates higher throughput with a minimum 
number of transmitted uncompressed packets (the average header size at ES/N0=25dB is 7.39 bytes in the adaptive case 
versus 7.55 bytes of the fixed case).  

4.1.2 R-RoHC in multicast streaming: simulation results  
This section presents the results obtained with the adaptive R-RoHC algorithm in a multicast scenario, where two users 
ask for the same video stream via a RTSP request: the first user requests the stream at the first second of the simulation 
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while the time of the second user request is varying. The same channel model of the previous section, with a signal-to-
noise ratio ES/N0=30dB, is used in the simulations. 
 
Consider first the second user sending the RTSP request at time t=5 seconds. When standard RoHC is used, the 
compressor is already in the Second Order state when the second RTSP request is received and doesn’t send any 
uncompressed packets until time 15.7 seconds. We can observe in Figure 28 that all the packets received before the 
reception of the IR packets (i.e., between 5 s and 15.7 s) are discarded by the decompressor: video frames arrives at the 
decoder only starting from 15.7 s. Thanks to the adaptive R-RoHC solution this “idle” time can be dramatically 
reduced: indeed, the BS sends an additional IR packet at the reception of a zero throughput trigger, generated every 100 
ms, thus allowing a correct decompression and the video display with a negligible delay.  
 
The reduction of the average loss period can be observed in Figure 29: we plot in the figure the loss period as a function 
of the second versus the first client connection time. When the two clients start the streaming at the same time (i.e., 
D=0) there is no loss of packets: indeed, both clients are connected to the BS when the compressor is in the IR state. 
When standard RoHC is used and the second client requests the streaming immediately after the IR packets 
transmission (e.g., D=500ms), the loss period is the maximum one, i.e., ~15s. By further delaying the start time of the 
video streaming toward the second client, the loss period decreases since the waiting time for the following IR 
transmission is reduced.  The loss period is instead limited by the trigger frequency (i.e., 100ms) in the R-RoHC case. 
The same behavior can be observed for any IR_TIMEOUT period. 
 
We finally report in Figure 30 the average throughput over 15 seconds of video streaming, as a function the second 
versus first client connection time: throughput reaches the maximum value independently of the second client 
connection time with R-RoHC, while strong performance degradation can be observed with the classic compression 
mechanism. 
 

 

Figure 28 – Instantaneous throughput of the second client. 
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Figure 29 – Initial period of discarded packets for inability to decompress (in seconds) for different connection 
times of the second client. 

 

Figure 30 – Average throughput for different connection times of the second client. 

4.2 RoHC for DCCP 
The compression of DDCP data packets has already been presented in D3.3a [29]. However, DCCP uses ten different 
packet types, corresponding to different header types and thus compression behavior. All the headers are composed as 
depicted in Figure 31: they have a common part, called Generic Header (16 bytes long), followed by additional fields 
changing accordingly to the packet type and finally Options. 
 

0       7        15        23        31 

Generic Header 

Additional Fields (according to packet type) 

Options 

Figure 31 – DCCP header, general structure. 

Fields of the generic header may be defined as static (which do not change during the connection) or dynamic (which 
change during the connection). DCCP static fields forming the static chain of the compressor and decompressor are: 
Source and destination ports. The static compression chain will include also static fields of the IP header (presented in 
D3.3a) and depicted in Figure 32. 
 
DCCP fields considered dynamic and so added to the IP dynamic ones in the dynamic chain, shown in Figure 33, are: 
Data Offset, CCVal, CsCov, Checksum, Res & Reserved, Type, DX, Sequence Number (see D3.3a for a definition of 
these fields). Moreover, the DCCP-Data type packets carry RTP packets. In this case, RTP fields will be added to the 
static and dynamic chains as it has been made for the RTP_UDP_IP and RTP_UDPLITE_IP profile. Finally, additional 
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fields need to be included in the dynamic chain that has been described for the generic header case. These will be 
highlighted in the following section, where the specific DCCP packet type formats will be treated. 
 

0       7        15        23        31 

Version Flow Label Next Header 

 

Source Address 
 

 

 

Destination Address 

 
 

Source Port Destination Port 

Figure 32 – Static chain for DCCP/IP generic header (40 bytes). 
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Traffic Class (Ipv6) Hop Limit (Ipv6) Generic Extension header list 
(optional) Offset data 

CcVal CsCov Checksum Type Mode D
X 0 

Sequence Number Sequence Number (optional) 

Sequence Number (optional)  

Figure 33 – Dynamic chain for DCCP/IP generic header (40 bytes). 

Option field will not be compressed by RoHC since it is difficult to identify a behavior to compress this kind of data 
and they are not often used.  

4.2.1 Overview of RoHC parameter for DCCP headers 
The DCCP connection is opened with a DCCP-Request sent by the terminal, to which the server responds with a 
DCCP-Response packet. The connection is finally established by the terminal DCCP-Ack packet. From this moment 
on, until the end of the connection, only DCCP-Data and DCCP-Ack are exchanged between client and server. While 
the terminal sends only DCCP-Acks packets, the base station sends both DCCP-Data and DCCP-Ack packets (which 
are the acknowledgments to the terminal DCCP-Ack ones). The connection is then closed by a DCCP-CloseReq sent by 
the terminal followed by the base station DCCP-Close and by DCCP-Reset packet coming from the terminal. 
 
From a RoHC point of view, what is interesting in the DCCP case as opposed to the UDP and UDPLite cases, is that 
there is a bidirectional flow of information, so packets are sent from the terminal too. In the UDP(Lite) case, the base-
station behaves like a compressor while the terminal as a decompressor; with DCCP there are there are a compressor 
and a decompressor at both sides. In other words, the data compressed at the base station will be decompressed at the 
terminal and vice versa. 

4.2.2 Type 0 – REQUEST 
The DCCP-Request packet is the first packet that is sent to open the connection, specifically by the terminal. The 
DCCP-Reset packet is used only to open the connection, when the RoHC context is not yet created. Lets now recall 
that, to create the context at the receiver side, the RoHC transmission starts with a fixed number (which is called L) of 
IR (Initialization and Refresh) packets. These packets contain the information to set the context, plus the static and 
dynamic chains. IR_DYN packets immediately follow; they contain again the context identification parameters and the 
dynamic chain. This means that the DCCP-Request packet will be the first packet sent by the compressor at the client 
side: it thus will generate an IR packet. So we don’t need to define the RoHC packet formats for the further 
compressing states. Figure 34 presents the IR packet sent by RoHC: we can notice that the information necessary to 
create the context is sent, together with the static and the dynamic fields. The Service Code field is included in the 
dynamic chain.  
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4.2.3 Type 1 – RESPONSE 
The DCCP-Response is the first packet sent by the server in response to a DCCP-request. It will be used by the terminal 
to create the connection context. The DCCP-Response packet is thus used only to open the DCCP connection and no 
longer once the connection is established: it follows that it is always the first packet sent by the compressor at the base-
station. The DCCP-Response information will thus always be sent in an IR packet like the DCCP-request at the terminal 
side. 
 
As Figure 36 shows, this packet type includes the Ack Subheader and the Service Code field in addition to the Generic 
Header. The compressed (IR) header is very similar to the one depicted in Figure 35, with the addition of the 
Acknowledgement Number (6 bytes) to the dynamic part. 
 

0       7        15        23        31 

 
Generic Header with X = 1 (16 bytes) 

Type = 0 (DCCP-Request) 
 

Service Code 

Options & Padding 

Application data 

Figure 34 – DCCP-Request packet type. 

 
0       7        15        23        31 

Add-CID 1 1 1 1 1 1 0 D CID info (optional) for large CIDs 

Profile CRC Static part 

 
Static part 

 
 

Dynamic part (if D=1) 
 

Service Code  
 

Payload 
 

Figure 35 – IR packet for DCCP-Request packet type (65 bytes). 
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Generic Header with X = 1 (16 bytes) 

Type = 1 (DCCP-Response) 
 

Acknowledgment Subheader (8 bytes) 

Service Code 

Options & Padding 

Application data 

Figure 36 – DCCP-Response packet type. 

4.2.4 Type  2 – DATA 
Data packets are sent from the base station during the whole connection, thus they go through every stage of the header 
compression state machine. Every RoHC packet type needs to be defined.  
 
In the DCCP-Data packet case there is no information added to the DCCP Generic but DCCP-Data packets encapsulate 
RTP packets. It follows that, as for the RTP_UDP_IP and RTP_UDPLITE_IP profiles, the SSRC (Synchronization 
Source) field needs to be present in the static chain. Moreover, in addition to the Generic Header dynamic fields, the 
RTP fields are also part of the dynamic chain. 
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Please notice that the DCCP-Data are sent by the base station starting from the second packet, given that the first one is 
a DCCP-Response type one. This means that the RTP decompressor context fields at the terminal side will not be 
completely initialized before that the second packet is received. For this reason, the parameter L (i.e. the number of 
packets sent in a compression state before moving to the further compressed one) cannot be less than two. Thus, the 
first transmitted data packet will be a packet with static and dynamic information, i.e., an IR packet depicted Figure 37. 
A number L of IR-DYN packets will follow after L IR packets: these packets are similar to the IR ones but do not 
include the static information. 
 
The compression process continues with the UOR_2 packet format. The UOR-2 packet, showed in Figure 38, contains 
the following information: 

· RTP Timestamp 
· Marker Bit 
· RTP Sequence Number 
· DCCP Sequence Number 
· DCCP Checksum 

 
The UO_1 (7 bytes) and UO_0 (6 bytes) packet formats, presented in Figure 39, are still used in the Second Order sate 
of the compressor state machine. Compared to the UOR_2 format, they further compress the information. For the 
RTP_DCCP_IP profile they have been redefined: compared to the UO_1 and UO_0 packets for the RTP_UDP_IP and 
RTP_UDPlite_IP profiles, the DCCP Sequence Number and the DCCP Checksum has been added.  
 

0       7        15        23        31 

Add-CID 1 1 1 1 1 1 0 D CID info (optional) for large CIDs 

Profile CRC Static part 
 

Static part 
SSRC  

 
Dynamic part (if D=1) 

 
RTP dynamic part  

 
Payload 

 

Figure 37 – IR packet for DCCP-Data packet type (72 bytes). 

 

 
Add-CID 

1 1 0 TS 
Info CID 

 
TS M RTP SN 

X X DCCP SN 

CRC 

Extension 
DCCP Checksum 

 

Payload 

 

Figure 38 – UOR_2 packet and extensions for DCCP-Data packet type (8 bytes including Checksum). 

 

Extension X X = 0 0: 
RTP SN TS 

DCCP SN Type 
 
Extension X X = 0 1: 

RTP SN TS 

TS 

DCCP SN Type 
 
Extension X X = 1 0: 

RTP SN TS 

TS 

TS 

DCCP SN Type 
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Figure 39 – UO_1 (left) and UO_0 (right)  packets  for DCCP-Data packet type. 

4.2.5 Type 3 – ACK 
DCCP-Ack type headers are made of the Generic Header, the Ack Subheader 8 bytes long, and of the Option field of 
variable length. The Acknowledgement header is showed in Figure 40. It includes two fields, always considered 
dynamic: 
 

· Reserved: 3 bytes. Set to zero on generated packets and ignored by the receiver. 
· Acknowledgement Number: 6 bytes. It contains the greatest sequence number received on any 

acknowledgeable packet so far.  A packet is acknowledgeable if and only if its header was successfully 
processed by the receiver. 

 
0       7        15        23        31 

Reserved Ack Number (high bits) 
Acknowledgement Number (low bits) 

Figure 40 – Acknowledgement subheader (16 bytes). 

DCCP-Ack packets have both a Sequence Number and an Ack Number. Finally, they do not encapsulate RTP packets, 
so there are no RTP fields to consider for compression. For the DCCP-Ack types we need to store the Ack number in 
the dynamic chain, thus resulting in the IR packets showed in Figure 41. IR-DYN packets are similar but without static 
information. 
 
The compression process continues with the UOR_2 packet format, the first RoHC packet format that is sent in the 
most compressed state. The standard UOR_2 format defined for the UDP and UDPLite is modified to include DCCP 
Sequence Number and Ack number. The UO_1 and UO_0 packet types further compress the information. For the 
RTP_DCCP_IP profile they have been redefined. Compared to the UO_1 and UO_0 packets for the RTP_UDP_IP and 
RTP_UDPlite_IP profiles, the DCCP Sequence Number field and the Ack Number have been added. 
 
Sequence Number and the Ack Number are sent with different frequencies and so incremented according to different 
rules: we need to transmit both of them. The DCCP Ack Number will be part of every RoHC packet format without 
being compressed because of the loss impact on DCCP congestion control. 
 
As previously said, with DCCP-Acks packets RTP is not present in the payload. Nevertheless, the compressor profile is 
generally set to RTP_DCCP_IP even though DCCP_IP would be enough. This is just a practical choice to automatically 
set the same profile to every base station and every terminal. It does not involve any lack of computation efficiency 
because in the RoHC library there are filters that skip the code regarding the RTP header part according to the DCCP 
packet type. 

4.2.6 Type 5 – CLOSE REQ and Type 6 – CLOSE 
Both DCCP-CloseReq and DCCP-Close packet types are made of the Generic Header, the Ack Subheader, and the 
Option Field as the ACK packet: only the Type of the packet differentiate them. The IR and IR_DYN packets will thus 
be equal to the ACK ones. Moreover, the Data Offset, that stores the DCCP header length, is one of the context 
dynamic fields. The RoHC packet formats of the most compressed state (namely UOR_2, UO_1 and UO_0 packet 
formats) do not provide a field to transmit this information. When the Data Offset value changes, an IR_DYN packet 
has to be generated to let the decompressor know it. To resume, when the DCCP packet type changes so does the Data 
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Offset field and the compressor has to generate an IR_DYN packet. It follows that since only one Close and CloseReq 
packet is sent, no other RoHC packet formats need to be specified. 
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Add-CID 1 1 1 1 1 1 0 D CID info (optional) for large CIDs 

Profile CRC Static part 
 

Static part 
 
 

Dynamic part (if D=1) 
 

Acknowledgment Number  
 

Payload 
 

Figure 41 – IR packet for DCCP-Ack packet type (67 bytes). 
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Figure 42 – UOR_2 (left),  UO_1 (middle) and UO_0 (right)  packets for DCCP- Data packet type (14 bytes). 

4.2.7 TYPE 7 – RESET 
The DCCP-Reset packet closes the DCCP connection. It is made of the Generic Header, the Ack Subheader and four 
special fields that are used to indicate what caused the reset: Reset Code, Data 1, Data 2, Data 3. These four fields, 
together with the ACK Number have to be included in the RoHC dynamic chain. The four fields (Reset Code, Data 1, 
Data 2, Data 3) are 4 bytes long in total, as long as the Service Code field that is present in DCCP-Request and DCCP-
Response packet types. Since the Service Code field is never used in DCCP-Reset packets, we can use the same 
dynamic chain structure we used for the DCCP-Request packet type without redefining a new one, and store the total 4 
bytes in the Service Code field. In this way we keep the chain data structures of the library as simple as possible. Figure 
43 presents the IR packet. 
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Dynamic part (if D=1) 

 
Service Code  

 
Payload 

 

Figure 43 – IR packet for DCCP-Reset packet type. 

4.2.8 About the RoHC header size trend 
 

  

Figure 44 – IPv6 and RoHC header size time evolution at the base station. 

Figure 44 presents the header size of packets transmitted by the Base Station (i.e., the compressor) in two cases: with 
and without header compression. The IP header length in Figure 44 shows the header size of not compressed packets. 
The Base Station sends an alternation of DCCP-Data and DCCP-Ack packets. The two curves present peaks that are 
due to a longer Option field in the DCCP-Ack packets. As a consequence of the fact that the Option field is not 
compressed, the peaks on the two curves are bounded. The lower curve in Figure 44 traces the RoHC header size trend 
through the whole transmission at the base station side, in Unidirectional mode with L=3.  
 
Let’s recall that the DCCP connection is opened with a three-way handshake started by the terminal. The Base Station 
answers to the DCCP-Request sent by the terminal with a DCCP-Response packet that will then be the first packet 
processed at the BS side. After having received the DCCP-Ack packet, the base station considers the connection opened 
and it starts to send DCCP-Data packets. The IR packets generated by the Base Station compressor correspond then to 
the DCCP-Response and the first two DCCP-Data packets (recall that L=3). The base station compressor then moves to 
the First Order state of the RoHC compressor state machine, from which L (i.e., 3) IR_DYN packets will be sent. After 
that, the Second Order state of the RoHC state machine is reached and the UOR_2 packets start to be produced. 
 
In the meantime, the terminal receives the first data and acknowledges them by sending a DCCP-Ack packet type. The 
base station on its turn has to acknowledge these DCCP-Data Ack packets. The two packet types have different header 
structures and this has an important impact on RoHC performances. This explains the massive presence of IR_DYN 
packets that are sent during the whole transmission. Please notice that to infer the header length according to the packet 
type cannot be a solution because the Option field in the DCCP-Ack packets has a variable length as well and cannot be 
deduced a priori. 
 
Figure 45 is a zoom of Figure 44 that shows in detail what happens at the RoHC level when there is a DCCP packet 
type transition. In this scenario the following sequence of packets is processed: DCCP-Ack (first peak), DCCP-Data, 
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DCCP-Data, DCCP-Ack, DCCP-Data, DCCP-Data, etc. As we can see from the left hand side of Figure 45, the 
compressor is in the more compressed state processing data packets (i.e., sending UO_1 packets for DCCP-Data) when 
a DCCP-Ack arrives to the compressor: an IR_DYN packet is produced because since the Data Offset changes. The 
following packet is a DCCP-Data: then, the Data Offset changes again and another IR_DYN packet is needed. In other 
words, for every DCCP-Ack packet sent, the base station compressor produces two IR_DYN packets: one is for the 
type transition between the DCCP-Data and the DCCP-Ack type and will contain the DCCP-Ack packet information, 
the other for the opposite transition and will contain the DCCP-Data packet information. 
 
When IR_DYN packets are sent though, the FO_TIMEOT (First Order Timeout that controls the transition between the 
Second and the First Order state of the RoHC compressor state machine) is not set to zero. In fact, it can be noticed that, 
given that the following packet is still a DCCP-Data one, the RoHC packet format is restored: it is the same it was 
before the DCCP-Ack packet type was processed.  
 
The DCCP connection is closed with a three-way handshake started by the server. The next-to-the-last packet is a 
DCCP-Close Request and the last one at the server side is a DCCP-Reset packet. This packet type transition translates 
again in the generation of an IR_DYN RoHC packet. 
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Figure 45 – Zoom of RoHC header size time evolution at the base station. 
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Figure 46 – IPv6 and RoHC header size time evolution at terminals. 

The lower curve in Figure 46 traces the RoHC header size time evolution at the terminal side, and the higher one traces 
the corresponding uncompressed DCCP header size. The DCCP connection is opened with a three-way handshake 
started by the terminal. Apart from the first packet, which is a DCCP-Request, all the other packets sent by the terminal 
are DCCP-Ack packets. In particular, since there is no packet type transition, not as many IR_DYN packets as at the 
base station compressor are needed. This can be seen more in detail in Figure 47. The connection is closed with a three-
way handshake too, to which the terminal participates with a DCCP-Close packet. As a consequence of the packet type 
change, an IR_DYN packet type is generated at RoHC level. Even if the terminal compressor stays longer in the more 
compressing state, the header average size is not much lower than the base station one. This is due to the fact that the 
Ack Number and Option fields are sent uncompressed. 
 
One last observation on the header sizes is that from the comparison between the uncompressed and the compressed one 
in Figure 44 and Figure 46 it is clear that IR RoHC headers at the beginning of the transmission are longer than the IP 
ones. That is because, to create a context, some additional information is needed in the beginning, but this pays off in 
the long run since the next headers are noticeably shorter. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

IR_DYN 
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UO_1 
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Figure 47 – Zoom of RoHC header time evolution size at terminals. 
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5 Conclusion 
This document presented the final design and the functional or performance analysis of the DLL elements developed in 
the OPTIMIX Task 3.3. Most of the results presented in this document relied on the results presented in the previous 
deliverables D3.3a and D3.3b. This document focused on presenting the final design and performance analysis of the 
more advanced DLL mechanisms specifically designed for optimizing video transmissions over wireless links. The 
studied mechanisms included the data link layer multicast, scheduling, and Robust Header Compression (RoHC). In this 
document, various improvements were suggested to enhance the support of the studied mechanisms for QoS-sensitive 
real-time multimedia services. Simulation results were used to validate the operation and benefits of the proposed 
solutions. The work described in this deliverable concludes the studies in the OPTIMIX Task 3.3.  
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6.2 Glossary 
AC Access Category IEEE 802.11e QoS class 

typically assigned for VO, VI, 
BE or BG traffic. 

AIFS Arbitration Inter Frame Space IEEE 802.11e waiting period. 
AMC Adaptive Modulation and Coding  
AP Access Point  
ARQ Automatic Repeat-Request Error control mechanism. 
BE Best Effort  
BER Bit Error Rate  
BG Background  
BL SVC Base Layer  
BS Base Station  
CRC Cyclic Redundancy Check A hash function. 
CW Contention Window IEEE 802.11 MAC parameter. 
DCCP Datagram Congestion Control Protocol  
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DCF Distributed Coordination Function  
DLL Data Link Layer  
DiffServ Differentiated Services IP QoS mechanism. 
EDCA Enhanced Distributed Channel Access IEEE 801.11e access mode. 
EL SVC Enhancement Layer  
FEC Forward Error Correction Error control mechanism. 
FO First Order RoHC state. 
HCCA HCF Controlled Channel Access IEEE 801.11e access mode. 
HCF Hybrid Coordination Function  
HOL Head-Of-Line Refers to the next packet to be 

scheduled for transmission 
from a queue. 

HPQ High Priority Queue Video queue used in the 
hierarchical scheduling mode. 

IP Internet Protocol  
IR Initialization and Refresh RoHC state. 
JSCC Joint Source and Channel Coding  
LPQ Low Priority Queue Video queue used in the 

hierarchical scheduling mode. 
MAC Medium Access Control  
MIMO Multiple-Input Multiple-Output  
MTU Maximum Transfer Unit The maximum size for a 

network layer packet to be 
transmitted without 
fragmentation over a 
communications link. 

NACK Negative Acknowledgement Error control mechanism. 
NALU Network Abstraction Layer Unit Format used for packetizing 

H.264/SVC encoded bitstream 
NRT Non-Real Time  
O Bidirectional Optimistic RoHC operation mode. 
OFDMA Orthogonal Frequency Division Multiple Access  
PER Packet Error Rate  
PSNR Peak Signal to Noise Ratio  
QoS Quality of Service  
R Reliable RoHC operation mode. 
RoHC Robust Header Compression  
RT Real Time  
RTP Real-time Transport Protocol  
RTS Ready-To-Send  
SNR Signal to Noise Ratio  
SO Second Order RoHC state. 
SR Sum-rate Maximization problem in an 

optimization task. 
SSCQS Single Stimulus Quality Scale 

 
Used for video quality 
assessment. 

SVC Scalable Video Coding  
TDMA Time Division Multiple Access  
TXOP Transmission Opportunity IEEE 802.11e EDCA 

parameter. 
U Unidirectional RoHC operation mode 
UDP User Datagram Protocol  
WiFi Wireless Fidelity Used to refer to IEEE 802.11 

WLAN technology. 
WiMAX Worldwide Interoperability for Microwave Access WiMAX is a common name for 

a technology based on IEEE 
802.16 air interface standards 
provided by WiMAX Forum.  

WLAN Wireless local area network WiFi is a commercial name for 
a WLAN realization. 

VI Video  
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VO Voice  
JSCC Joint Source and Channel Coding  
WLAN Wireless local area network WiFi is a commercial name for 

a WLAN realization. 
WSR Weighted sum-rate Maximization problem in an 

optimization task. 
   
   
   

 
 


