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Executive Summary 
This document describes the results from Task 3.3 of the OPTIMIX project. This is the second deliverable in the D3.3 
deliverable series and thus a follow-up to the earlier D3.3a document. In this manuscript, the analysis of data link layer 
mechanisms started in D3.3a is continued and deepened with hands-on experience obtained from simulations. The 
series will be completed by the final deliverable D3.3c which will be written at the end of the research task. 
 
The deliverable D3.3a provided a first specification of the data link layer functionalities. In D3.3a, we presented a 
general overview of the basic data link layer mechanisms associated with two selected technologies: the IEEE 802.11 
WLAN and IEEE 802.16 WiMAX that were used as the basis for our design. The document also considered various 
enhancements to the standard data link functionalities with multimedia applications in mind. Beyond an analysis of 
state-of-the-art solutions, the deliverable also discussed modelling of the data link performance based on real 
measurements and presented the first designs of the DLL modules to be included in the OPTIMIX OMNeT++ 
simulation chain. Other topics addressed were header compression techniques, point-to-multipoint transmission, and 
message scheduling techniques. 
 
This document presents the latest advances in the development of data link layer mechanisms in the OPTIMIX project. 
The topics addressed here are the same as in D3.3a, namely generic data link layer functionalities, data link layer 
multicast, scheduling and robust header compression (RoHC) mechanisms. In this deliverable we present also the latest 
advances in the OPTIMIX OMNeT++ simulation chain regarding the data link layer modules and we introduce selected 
results obtained with the simulation chain. Relevant contributions to the state-of-the-art are also revised, although not 
emphasized, in this document. 
 
In this deliverable, two different MAC implementations are considered: one for IEEE 802.11 WLAN and the other for 
(MIMO) OFDMA solutions. Different enhancements are considered and selected results obtained with the OMNeT++ 
simulation chain are presented for the two MACs protocols. In the WLAN MAC case, we present results obtained using 
the partial checksum feature that allows us to pass corrupted packets to higher layers unless the error is in the MAC 
header. The results show that the developed approach is working and more packets are passed to higher layers thanks to 
the proposed two-FCS scheme than in the standard operation. For the OFDMA solutions, we propose enhancements in 
terms of multiuser scheduling and the simulation results in this case show the improvements that the OFDMA-based 
scheduling and allocation techniques entail with respect to more traditional transmission mechanisms. 
 
The OPTIMIX project is developing better mechanisms for supporting data link layer multicast in WLANs. As 
discussed in D3.3a, the problem with the 802.11 WiFi standard is that it supports multicast only with basic transmission 
rates and the destination MAC address should be a special multicast MAC address. Moreover, the WiFi multicast does 
not support retransmissions. In this document, we present the advances in developing a better multicast solution for 
OPTIMIX, where we can improve the transmission speed in good conditions, or we can improve the transmission 
quality in bad conditions via repeating frames that were not received by all the multicast receivers. In this document, we 
present the general design for the OPTIMIX WiFi multicast solution. Also numerical results regarding delivery 
probabilities for cases where multicast frames are repeated are included. 
 
Mechanisms for obtaining prioritized processing and adaptation of video flows containing frames of differing 
importance for the receiver in IEEE 802.11 WLANs are also discussed in this document. The study presents the state of 
the art solutions in signalling of frame priority information from the application layer to link layer, as well as the 
differentiated processing of video data in the IEEE 802.11e MAC. The discussion also takes a look at a new 
standardization activity under IEEE, namely IEEE 802.11aa task group, focused on the study of IEEE 802.11 MAC 
enhancements for robust audio video streaming. This is something that the OPTIMIX project should consider as a part 
of the work related to link level adaptation of video streams in WLANs.  
 
Finally, this document presents the advances in developing header compression mechanisms for the OPTIMIX system. 
Header compression has a very important role in the OPTIMIX context as it helps in reducing the overhead in 
multimedia transmission. Based on the work presented in D3.3a, this document introduces the integration of the robust 
header compression module into the OPTIMIX OMNeT++ simulation chain to provide compression of UDP, UDPLite, 
RTP and DCCP Data headers. The description includes a study of RoHC performance and the results obtained using the 
simulator are presented. Moreover, this document gives an introduction to RoHC in a multicast transmission with 
corresponding evaluation results. 
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1 Introduction 
This document presents the intermediate design and performance results of the main data link layer (DLL) elements in 
the OPTIMIX system. This deliverable is a follow-up to the previous deliverable produced in Task 3.3, namely D3.3a. 
In this document, the analysis of data link layer mechanisms is continued and deepened with hands-on experience 
obtained from simulations. In specific, this document includes more detailed design of the MAC layer entities and the 
robust header compression (RoHC) module, outlines their implementation into the common OMNeT++ simulation 
chain, and presents selected results from performance evaluation performed with the joint simulator. The topics 
addressed are the same as in D3.3a, namely generic data link layer functionalities focusing in WLAN and OFDMA 
systems, implementation of data link layer multicast for WLANs, scheduling, and RoHC mechanisms. Some selected 
aspects from the state-of-the-art which were not addressed in D3.3a but which are considered as relevant for the 
OPTIMIX project are also included in this document. 
 
Chapter 2 presents the overall implementation of the data link layer into the OPTIMIX OMNeT++ simulation chain. 
The implemented functionalities are mostly related to the MAC layer and the chapter presents two different MAC 
implementations: one for IEEE 802.11 WLANs and the other for (MIMO) OFDMA systems. The MAC implementation 
for WLAN communications follows the IEEE 802.11g WLAN standard. To support (MIMO) OFDMA systems, a new 
submodule is introduced into the DLL of the OMNeT++ chain. The chapter presents the design and the implementation 
of the MAC functionalities in OMNeT++ as well as selected results obtained with the joint simulator. In the WLAN 
case, the results focus on the performance of the partial checksum feature implemented as an enhancement to the 
WLAN MAC.  For (MIMO) OFDMA systems, the chapter presents results regarding a prioritized multiuser queue 
system and corresponding scheduling/allocation algorithms. 
 
In Chapter 3, the advances in studying and developing better support for multimedia applications over data link layer 
multicast in WLANs are presented. The target for the OPTIMIX WLAN multicast solution would be the ability to 
improve the transmission speed in good conditions and improving the transmission quality in bad conditions. At the 
moment, the WLAN MAC module in the OPTIMIX OMNeT++ simulation chain supports only the standard DLL 
multicast operation and the implementation of the enhancements is currently ongoing. In this document, we present the 
general design for the OPTIMIX WiFi multicast solution including the proposed enhancements. The chapter also 
presents the results obtained from a numerical analysis of frame delivery probabilities in cases where multicast frames 
are repeated. The analysis relies on the measurement results from D3.3a. 
 
Chapter 4 discusses the state of the art of data link layer mechanisms for adapting video streams in IP/IEEE 802.11 
WLAN networks. The focus of the analysis is in frame- or packet-level service differentiation solutions for video 
streams in the case of IEEE 802.11e EDCA access. The chapter gives an overview of the IEEE 802.11 specific 
mechanisms for prioritizing and scheduling video streams in the data link level and given that the concepts presented in 
this chapter have also invoked new standardization activities in the form of IEEE 802.11aa task group (also introduced 
in this chapter) this analysis gives a good background for the future development of the WLAN MAC functionalities in 
OPTIMIX to better support multimedia applications. The chapter also includes a brief overview of the principles for 
communicating frame priority information from the application layer all the way down to the link layer where it is used 
in implementing the per-packet/frame QoS. 
 
The advances in developing header compression mechanisms for the OPTIMIX system are presented in Chapter 5. The 
chapter introduces the integration of the robust header compression (RoHC) module into the OPTIMIX OMNeT++ 
simulation chain to provide compression of UDP, UDPLite, RTP and DCCP Data headers. Moreover, the chapter 
includes an extensive performance study of RoHC mechanisms and results obtained with the joint simulator. RoHC is 
also discussed in the case of multicast transmission and corresponding simulation results are provided. 
 
Chapter 6 finally concludes the document. 
 
 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D3.3b version 1.1 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 6/39 

2 Generic Data Link Layer Functionalities in the Simulation Chain 
This chapter presents the overall implementation of the data link layer into the OPTIMIX OMNeT++ simulation chain. 
The functionalities implemented are mostly related to the MAC layer and there is a split between IEEE 802.11 WLAN 
and (MIMO) OFDMA MAC implementations. A first version of the MAC model design and implementation was 
presented in [1] and here we only describe the advances with respect to that model with selected simulation results. 
 
In the first part of this chapter (Section 2.1), we present the MAC implementation that follows the IEEE 802.11g 
WLAN standard, and in the second part (Section 2.2), we introduce a new submodule to support (MIMO) OFDMA 
systems. In both subsections, we present also simulation results concerning the enhancements that the solutions 
developed in the OPTIMIX project bring to the standard MAC implementations. In the case of WLAN, the 
enhancements are related too partial checksum calculation and a multiple transmission buffer system with different 
transmission priorities; in the case of the MAC for (MIMO) OFDMA systems are related to a prioritized multiuser 
queue system and the scheduling/allocation algorithms. 

2.1 IEEE 802.11 WLAN MAC implementation and enhancements 
The link layer implemented in the OPTIMIX simulation chain is based on the IEEE 802.11g [2] standard with minor 
enhancements and modifications. RTS/CTS (Request to Send / Clear to Send), to avoid frame collisions, is not 
implemented since it is rarely used in the reality. Also, bitrate adjustment is carried out by the PHY, instead of MAC, as 
it is implemented to be scalable for different PHY models, also beyond the IEEE 802.11 standards. The MAC layer 
employs an automatic repeat request (ARQ) method for error control, based on the acknowledgement messages and 
timeouts. The WLAN MAC module implementation in OMNeT++ was introduced already in [1] so here we discuss 
only the enhancements in more detail. 
 
The first enhancement is related to the additional frame check sequence (FCS), which calculates two checksums from 
the IEEE 802.11 data frame. Figure 1 illustrates the standardized way to calculate a 32-bit cyclic redundancy check 
(CRC) from the whole frame, which is appended to the end of the frame. In this mode, a frame is always dropped if bit 
errors are observed in the payload or in the header. The frame is re-transmitted after the timeout period at the sender 
side. Figure 2 illustrates how the enhanced two-FCS mode is carried out: CRC is calculated as specified in the standard, 
but also an additional CRC is generated from the IEEE 802.11 header part only, thus excluding the data part received 
from the upper layers. This allows discriminating between bit errors in the MAC header and bit errors in the payload 
(frame body), which result in different packet processing: indeed, video decoders are able to absorb and conceal 
residual errors, while signaling and control information should be exact. Thus, if the MAC frame contains video stream 
data and if bit errors in the frame body are observed, the frame is passed to the upper layers for further processing and 
error concealment, while if errors are detected in the MAC header part, the frame is dropped and a re-transmission is 
required in unicast scenarios. However, if the frame carries for instance a signaling message, this is dropped when 
errors are detected both in the header and in the payload. The performance evaluation of these two modes at the MAC 
layer is introduced in Section 2.1.1. 
 
Another enhancement relates to a multiple transmission buffer system with different transmission priorities, but the 
algorithm to classify packets and insert them into different buffers is in progress and has not been finalized yet.  
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Figure 1 – FCS scheme accordant with the IEEE 802.11g standard. 
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Figure 2 – Two FCS scheme. 

2.1.1 Comparison of standard FCS and two-FCS modes 
In order to compare the difference between standard-FCS and two-FCS modes at the MAC layer, we conducted 
simulations using the OPTIMIX OMNeT++ simulation chain. The results do not take the video quality into account and 
only the impact of the FCS mode at the MAC layer is studied: indeed, the advantage of receiving packets affected by 
errors at the application layer instead of dropping packets is well known.  
 
The employed physical and MAC layer parameters are introduced in Table 1. The simulation runs lasted 15s. In the 
simulation, one BS and one terminal connected to each other are employed. The measurements are conducted using a 
mobility scenario where the terminal moves around the BS, thus varying the physical channel conditions. Data is 
collected every 0.5s; video streams of 440 kb/s (one stream at a time) is streamed to the terminal. Finally, in the 
simulations we focused on a unicast transmission but the same conclusions can be directly applied to the multicast case. 

Table 1 – Simulation parameters. 

As introduced above, the two-FCS mode drops frames only if there are errors in the MAC header part. Also, only video 
stream messages are forwarded to the upper layers for further error concealment processing. On bad signal conditions, 
causing numerous bit errors on frames propagating over the wireless link, the two-FCS method should significantly 
reduce the number of retransmissions in a unicast case and significantly increase the number of packets received by the 
upper layers in a multicast scenario where retransmission are not enabled.  
 
Figure 3 illustrates the difference in terms of frame retransmissions between standard-FCS and two-FCS modes. The 
results are collected at the BS side.  We can observe that the two-FCS mode decreases the number of frame 
retransmission by 80%: this is quite impressive especially if we consider that the two-FCS mode increases the total 
frame size of only 4 bytes (the length of additional FCS). Of course, this comparison does not take into account the 
number of bit errors and the importance of the erroneous data forwarded to the video decoder.  
 
Naturally, the frame retransmissions cause peaks to the overall downlink data rate, which factors in all data frames 
received from PHY, also with errors. Retransmissions effectively consume the resources of the available physical 
medium and delay the transmissions of the buffered sequential frames. Figure 4 shows the downlink data rate perceived 
by the terminal in the cases of standard-FCS and two-FCS modes. By comparing Figure 4 and Figure 3, the correlation 
between the number of retransmissions and data rate increase can be clearly seen. To the shown data rate, only data 
frames are included (e.g. beacons are excluded). The measured data rate also factors in the bytes of the MAC header. 
Overall, the data rate with the two-FCS does not introduce as high fluctuation as with the standard-FCS mode due to 
less retransmissions. 
 

Parameter Value 
Total bandwidth 20 MHz 
Coherence bandwidth 20 MHz 
Coherence time 0.1s 
Shadowing time 0.5s 
Es/N0 (Es/N0 for a receiver at 1m distance from the BS) 28 dB 
FEC CC ½ 
Modulation QPSK 
Channel fading Rayleigh + Log-normal (no path-loss) 
MAC beacon interval 0.1s 
Scheduling Best effort, one TX buffer of size 15 frames 
Frame retransmission limit 3 
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Figure 3 – Number of frame retransmissions at BS with standard-FCS and two-FCS modes. 

 

 

Figure 4 – Data frame rate with the two-FCS mode and the standard-FCS mode. 

The large amount of retransmissions with the standard-FCS is also reflected by the one-way delay. Figure 5 shows the 
delay variation, measured from the beacon frames, for the standard-FCS and two-FCS modes. When the BS MAC 
creates a beacon, it is inserted in the FIFO transmission buffer. In this way, the beacon delay depends on the content of 
the current transmission buffer and, thus, on the number of retransmissions. In both standard- and two-FCS cases, the 
delay is limited most of the time to 28 µs, which account for propagation delay over the physical medium and the IEEE 
802.11 waiting periods (SIFS, DIFS, EIFS, etc.). However, the large number of re-transmissions with the standard-FCS 
does produce two significant peaks exceeding 20 ms, thus dramatically increasing the delay. Conversely, those high 
peaks can not be observed in the two-FCS mode. 
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Figure 5 – Beacon delay when inserting the beacons to the tail of the transmission buffer. 

Finally, Figure 6 shows the number of all (video and signalling) dropped packet and packets affected by errors and 
forwarded to the upper layers when using the two-FCS mode. We can observe that the number of packets transferred to 
the upper layers is higher than the number of dropped packets. Indeed, the total number of frames received with at least 
one bit error is 265: 166 of them are marked as error frames and forwarded to upper layers, while the others are 
discarded. Thus, only 37% of the frames are dropped and require retransmission at the timeout expiration at the BS side 
in the unicast case.  
 

 

Figure 6 – Packet error and drop ratio with two-FCS mode. 

Overall, the two-FCS mode gives impressive results at the MAC layer. Of course, this feature has to be coupled with 
similar mechanisms at the upper layers, as done by the UDPLite and the DCCP transport protocols. Finally, to really 
benefit from these modifications, the video decoder has to implement complex bit error concealment algorithms. In any 
case, results indicate that the two-FCS mode provides a promising method, especially, for multicasting where the 
standard does not specify any acknowledgement procedure. 

2.2 MAC implementation for (MIMO) OFDMA solutions 

2.2.1 MAC layer scheduling for (MIMO) OFDMA solutions  
The OPTIMIX project mainly focuses on optimizing downlink communications, taking into account and comparing 
different multiple access techniques, like TDMA, SDMA and OFDMA. Besides a detailed analysis of existing IEEE 
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802.11-based standards, aimed at highlighting their features and performance, as well as the degrees of freedom and the 
parameters which may be exploited to optimize a point-to-multipoint transmission of multimedia contents, we 
considered a very simple queue management system supporting different kinds of multiple access schemes at the 
physical layer. The reason which moved us to introduce also this general purpose block in the common simulation chain 
is that we are interested in investigating the advantages that our cross-layer controller-based approach is capable to 
introduce in both current and next generation standards. In fact, if from the one side our optimization process permits to 
improve the end-to-end video quality also with current and very widespread wireless standards (e.g. IEEE 802.11g/n), 
from the other side very interesting results can be achieved through intelligent multiuser scheduling and resource 
allocation policies when the Base Station Controller can exploit many degrees of freedom (in terms of time, frequency 
and spatial resources), as it will be probably the case of next generation radio architectures. 
 
Concerning the integration in the simulation chain, in order to include the prioritized multiuser buffer supporting 
(MIMO) OFDMA solutions without making substantial changes to the simulator, we decided to add our simple module 
in parallel to the existing IEEE 802.11g/n MAC unit (see Figure 7). According to the scenario simulated, a couple of 
multiplexer/demultiplexer determine which module has to process the received packets.  
 
 

 

Figure 7 – Insertion of the prioritized multiuser buffer system supporting (MIMO) OFDMA in the DLL of the 
simulation chain. 
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Figure 8 – The prioritized multiuser queue system included in the DLL to support different multiple access 
schemes. 

The prioritized multi-queue module inserted in the DLL is composed by several sub-units, frequently exchanging 
information with the Base Station Controller, as depicted in Figure 8. In particular, the main interactions with the BS 
Controller are the following: 
 

- The multiuser buffer manager inserts the IP packets coming from the upper layers into the proper transmission 
queue, based on the correspondent destination user and data priority; 

- The multiuser buffer manager periodically sends information about the queue state (e.g. the number of bytes 
present in each queue and the arrival time of the head-of-line packet) to the BS Controller; 

- The BS Controller performs its optimization algorithms, opportunistically scheduling the users to serve, 
properly assigning the radio resources (e.g. subcarriers, time slots and beamforming vectors) and adaptively 
selecting the parameters for the physical layer (e.g. channel code rate, constellation size and transmission 
power).  

- Through proper signalling mechanisms, the BS Controller iteratively communicates to the multiuser queue 
system the number of bytes to send and the buffer from which they have to be extracted; 

- The buffer selector iteratively sends the specified number of bytes to the physical layer, where they are channel 
encoded, (MIMO) modulated and inserted in the correct position of the time-frequency-space frame which, 
when completed, will be provided to the banks of OFDM modulators and transmitted. In our work we 
considered the buffer selector at the transmitter and the correspondent unit at the mobile terminals as capable 
to fragment and reassemble the IP packets.   

 
As reported in more details in [3], we developed and compared several multiuser scheduling strategies valid for quite 
general OFDMA transmissions, for example aimed at maximizing the achievable weighted sum-rate or the achievable 
sum-rate. In [3], we also compared these optimization techniques with more classical TDMA schemes where, for 
example, the scheduling is performed according to the time spent in queue by the packets destined to the different users 
or through a simple round-robin mechanism.  

2.2.2 Performance evaluation with OMNeT simulation chain  
In this paragraph we present an example of results obtained with the described prioritized multiuser queue system and 
the scheduling/allocation algorithms reported in [3]. The scenario considered has been depicted in Figure 9. The 
OPTIMIX server transmits an H.264 video sequence to the 5 users connected to the base station number 0. The 
transmission of the video contents from the server to the BS is accomplished through a multicast mechanism. Then, 
within the BS, each IPv6 packet is replicated and separately sent to the 5 different real-time (RT) users. No stream 
adaptation has been considered within the server nor the BS. Although not directly visible from Figure 9, the presence 
of an additional non-real time (NRT) user served by BS 0 has been taken into account in this work. This 6th user has 
been included to consider the possible presence of some “non- OPTIMIX” users in the downlink. 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.     
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Figure 9 – Point-to-multipoint downlink scenario. 

In the considered scenario, both the BS and the mobile terminals have a single antenna. The modulation is based on an 
OFDM scheme, with 256 data subcarriers. Each physical transmission frame is composed by more OFDM symbols.  
 
The radio channels are modelled as Rayleigh block fading channels, with the same channel coherence time of 100 ms 
for each user, but with different signal-to-noise power ratios Es/N0 (thus resulting in different data rates), where Es is 
the energy per OFDM symbol and N0 is the one-sided noise power spectral density. The channel coherence bandwidth 
is approximately 200 KHz, while the total transmission bandwidth is around 1.6 MHz.   
 
At the BS, the size of each user buffer in the DLL has been fixed to 40 KB and the video transmission is characterized 
by an average data rate of 155kbps. The NRT data rate is 200kbps. In Figure 10, we have reported the state of the user 
buffers in case of different multiple access mechanisms and multiuser scheduling algorithms performed at the BS 
Controller. In particular we note that a sum-rate (SR) maximization criteria, together with an OFDMA multiple access 
scheme and proper adaptive modulation and coding (AMC), is capable to serve all the users without completely filling 
any buffer. On the contrary, a TDMA scheme with a simple round-robin scheduling is not capable to reach a sufficient 
throughput in case of low-SNR users (although proper water-filling (WF) power optimization and AMC are performed 
by the BS Controller). More details about the described multiuser scheduling and AMC techniques can be found in [3]. 
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Figure 10 – State of the buffers for the different users with different multiple access mechanisms and BS 
controller scheduling/allocation algorithms. 

In Figure 11, we report the average delay affecting the received packets in the previously described situation. Again, we 
note the improvements that the OFDMA-based scheduling and allocation techniques described in [3] entail with respect 
to more traditional transmission mechanisms.  
 

 

Figure 11 – Average delivery delay obtained with different multiple access mechanisms and BS controller 
scheduling/allocation algorithms. 
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3 Data Link Layer Multicast 
According to the 802.11 WiFi standard [2], WiFi multicast should use the basic rates for the transmission, and the 
destination MAC address should be a special MAC address, where the highest bit is set to 1. Unlike WiFi unicast, 
which automatically repeats frame transmission when no acknowledgement is received, the WiFi multicasting does not 
have retransmission.  
 
In the OPTIMIX project, the target is to obtain a better WiFi multicast solution that would solve some of the 
deficiencies in the standard implementation. The required enhancements are discussed in this chapter. In Section 3.1, 
we present the general principles for implementing the OPTIMIX WiFi multicast solution. The implementation of the 
enhanced WiFi multicast solution into the common simulation chain is currently work in progress so no simulation 
results are presented here. Instead in Section 3.2, we present a numerical analysis of different frame recovery techniques 
calculated from the measurement results presented in the OPTIMIX deliverable D3.3a. 

3.1 Advances in developing the OPTIMIX WiFi multicast solution 
In OPTIMIX, we are making experiments with a better multicast solution, where we can improve the transmission 
speed in good conditions, or we can improve the transmission quality in bad conditions. In good channel conditions, we 
can improve the transmission speed and thus enable more throughput by transmitting the frames with a rate higher that 
the base rate. Although it is against the actual standard, we have examined various WiFi devices and find that they are 
capable to receive multicast frames on high bitrates. It may happen that a certain WiFi device does not accept multicast 
frames on high bitrates, and in this case our solution falls back to the standard case, where we transmit frames on the 
base rate only. In bad channel conditions, we can improve the transmission quality by repeating frames that do not 
received by all the multicast receivers. Numerous research papers present solutions for frame repetition in multicast 
sending. Using the OPTIMIX simulation chain, we plan to examine two of them: BSMA (Broadcast Support Multiple 
Access) [4] and LBP (Leader Based Protocol) [5]. The first one uses negative acknowledgement to request 
retransmission. The latter one selects a leader first and the uses its positive acknowledgement to signal the correct 
transmissions. More protocols were already presented in [1]. The OPTIMIX simulations using the mentioned protocols 
are currently under development. 
 
We are also testing a new WiFi multicast solution, adapted to the OPTIMIX project needs: we propose to transmit the 
frames on a given rate and repeat the transmission for a given number of times. The actual speed and repetition number 
is adjusted to the actual receiving conditions. Receivers continuously monitor the transmission using special monitoring 
frames and report their own conditions to the Base Station Controller that adjust the speed and the repetition parameters 
based on these reports. This is a simple and low complexity approach, that does not require acknowledge messages. 
Monitoring provides adaptation.  
 
In addition to the frame repetition technique, we tried to make use of frames received with bit errors (called broken 
frames) as well. When the access point transmits the same frame multiple times, the receiver may use the correct 
sections of other broken frames to construct a correct whole frame. With this aim, the frames are divided into sections 
and each section has a checksum to indicate its correctness. Figure 12 illustrates the principle of partial frame recovery. 
 

1st transmission

2nd transmission

Constructed
 

Figure 12 – Example for partial frame recovery: constructing a correct frame from two broken frames. 

3.2 Evaluation of multicast frame recovery techniques 
In this section, provide a solution for WiFi multicast frame delivery, where the acknowledge control messages are 
eliminated while maintaining a given probabilistic delivery rate. The solution is obtained with a numerical analysis done 
based on measurement results presented in [1]. The results of the calculations are presented in this section. 

3.2.1 WiFi transmission measurements 
As described in [1], we performed several WiFi transmission measurements in various conditions, considering five 
different scenarios with varying distance between the access point and the client: namely, 4 meters, 6 meters, 1 room, 2 
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rooms and 3 rooms. We applied different transmission rates and measured the rate of the correct, broken and dropped 
frames at the client side. When the client got an erroneous frame, we calculated also the number of wrong bytes and 
also the places of the errors. Finally, in order to obtain general results, we used three different WiFi cards and each 
measurement took seven hours. 
 
Based on the measurement results, presented in [1], we got as expected that: 

· Different type of cards get different amount of correct/broken/dropped frames 
· As the distance grows, the number of errors also grows 
· The number of walls has a strong impact on the transmission 
· The errors in the transmitted frames are bursty. 

 
These measurements provided us concrete values that were used in further analysis to calculate multicast frame 
retransmissions. The results of this analysis are discussed in the following subsections. 
 

 

Figure 13 – Receiving WiFi transmission on different cards. 

We report in Figure 13 the measurement results obtained with three different cards, used in parallel to receive a WiFi 
transmission. The test was repeated three times and the conditions were kept as similar as possible. The graph shows the 
total amount of received frames regardless of their correctness. Based on these measurements we can see that the cards 
behave as expected, i.e. they receive more or less the same amount of frames in all the tests, but their performances 
differ a lot from one another. In a system where we cannot control the client hardware, the controller should test them 
before performing the adaptation. 
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Figure 14 – Transmission errors @ 2 walls scenario. 
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Figure 15 – Transmission errors @ 4 walls scenario. 

 
Figure 14 and Figure 15 show two scenarios and the transmission errors with different bitrates. We used these numbers 
in calculations with the multicast frame retransmissions. 

3.2.2 Preliminary results with multicast frame retransmissions 
Our approach is to repeat the transmission of multicast frames at a given bit rate and for a given time. Using the 
measurement results discussed above we calculated the so called ‘best strategy’ for a successful frame transmission, and 
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also for different delivery probabilities, in terms of number of repetitions resulting in the fastest transmission (i.e. the 
transmission minimising the time needed to reach the desired delivery probability). In our calculations, we used 60 � s 
interframe interval. 
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Table 2 – Best strategies for various scenarios. 
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Table 3 – Duration of the repeating transmission. 

Table 2 shows the best strategies for various scenarios based on our measurements. Table 3 shows the corresponding 
time values, i.e., the time necessary to make all the repetitions described by the best strategy. As we can see, in many 
cases, the best solution is not of transmitting at the full bitrate, even if several retransmissions are allowed. Indeed, to 
reach high delivery probabilities, the data rate has to be decreased. However, in some scenarios (just like the three 
rooms one), successful transmissions (i.e. transmissions with a 100% delivery probability) are really hard to obtain. For 
example, 45 transmissions were necessary even with a bit rate of 1Mb/s. 
 
We investigated also the frame delivery probability as a function of the available time using the best strategy. Indeed, 
the access point sending out the multicast frames may have a resource limitation that limits the time that it can spend on 
multicast transmission. Figure 16 shows these results. The different scenarios are presented with different colours. As 
an example, if the access point allocated max. 10 ms for the multicast transmission of a single frame, then in the case of 
the two rooms scenario, it can only achieve errorless delivery by a chance of 95%. As the time interval gets shorter, 
some bars are missing showing that the chance for a successful delivery in bad conditions are very thin. 
 
The best strategy can thus be obtained based on measurement results. In the OPTIMIX environment, where we don’t 
know the clients before, a first measurement is required. We thus propose that the Base Station (namely, the access 
point here) would send out monitoring frames from time to time and the clients would respond on it telling their own 
characteristics. 
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Figure 16 – Delivery rate as a function of the available time. 

3.2.3 Preliminary results with partial frame recovery 
Finally, we have investigated a multicast transmission mode, where correct sections of frames received with bit errors 
could be kept and used to construct correct frames. For this purpose, we have defined four sections in a whole frame 
and each section is protected by an integrity code. This four bytes long code can tell whether the section is correct or 
not. 
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Table 4 – Best strategies with partial frame recovery. 

Table 4 shows the best strategies for a given delivery success rate. Comparison with Table 2 – Best strategies for 
various scenarios. and Table 4 shows that there is only a little gain using this transmission mode. Considering the 
computation overhead and the overhead of the extra bytes for the integrity code, we can stay with the original 
transmission, where frames are repeated, but broken frames are not reused. 

3.2.4 Conclusions 
Here we provided a solution for WiFi multicast frame delivery, where the acknowledge control messages are 
eliminated, while we can still maintain a given probabilistic delivery rate. This solution requires adaptation: the clients 
should be monitored regularly, and based on their reports a transmission strategy should be selected. The strategy 
determines how many times should a frame be repeated and on what rate. 
 
Using calculations based on real measurement results, we have revealed that a mixed strategy, where we use different 
rates during the repeated transmissions is not significantly better that a simple strategy where we use only one data rate 
to send out the frames.  Thus we propose simple strategies only. Also, based on calculations, we claim that using partial 
frame recovery (i.e. one correct section in a repeated frame can recover the same, but erroneous section in a previous 
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frame) is not advised, except scenarios where the situation is really challenging and we have high delivery rate 
demands. 
 
The current OPTIMIX simulation chain includes the basic multicast WLAN transmission but does not include the 
proposed WiFi multicast enhancements yet, which are currently under development and will be inserted there in near 
future. 
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4 Data Link Layer Video Adaptation in IP/IEEE 802.11e Networks 
This chapter discusses the state of the art of data link layer mechanisms for adapting video streams in IP/IEEE 802.11 
WLAN networks. The frame/packet differentiation solutions for video streams discussed are based on the IEEE 802.11e 
Enhanced Distributed Channel Access (EDCA) [2] scheme which is the most commonly supported link-level QoS 
mechanism in current WLAN networks.  
 
The purpose of the analysis is to give an overview of the IEEE 802.11 specific mechanisms for prioritizing and 
scheduling video streams in the data link level. The work thus complements the more generic multiuser scheduling 
solutions being developed for (MIMO) OFDMA solutions in the OPTIMIX project (see Section 2.2.1 for details). Given 
that the concepts presented in this chapter have also invoked new standardization activities in the form of IEEE 
802.11aa task group [6], this analysis gives a good background for the future development of the WLAN MAC 
functionalities for the OPTIMIX simulation chain and especially for the demonstrator, as the WLAN MAC module in 
the simulation chain does not currently support EDCA. However, it is envisioned that simple experiments can be 
performed also with the simulation chain given the support for multiple queues in the WLAN MAC model. 
 
The chapter begins with an overall analysis of current QoS mechanisms supported by different access technologies 
available today, and their insufficient support for packet or frame level prioritization and differentiated treatment for 
video streams. The chapter also gives a brief overview of the principles for communicating frame priority information 
from the application layer all the way down to the link layer where it is used in implementing the per-packet/frame QoS. 
Finally, this chapter presents solutions from the literature and introduces the new related standardization activity in the 
IEEE 802.11aa task group, which is developing MAC enhancements to support robust audio video streaming.  

4.1 From per-flow to per-packet prioritization 
Most access network technologies today implement some kind of QoS management mechanisms to support various 
applications and services. The supported mechanisms vary from guaranteed QoS approaches with QoS reservations, 
such as the IEEE 802.11e HCCA mechanism and WiMAX UGS and rtPS QoS classes, to approximate QoS 
mechanisms that rely on prioritized handling of packets belonging to different pre-determined service classes. The latter 
mechanisms, that include, for example, the IEEE 802.11e EDCA access and UMTS QoS, are easier to implement and 
scale better as no centralized management of QoS allocations is needed.  
 
Typically, the QoS handling in today’s networks is done on a per-flow basis, meaning that all packets belonging to a 
flow are treated according to the same QoS policy. A flow can be determined by different means in practical 
implementations, although the sender and receiver IP address and port quadruplet might be the most common 
determinant. Video flows, in specific, however have very distinct QoS requirements and they are characterized by 
higher tolerance to loss than to delay and jitter depending on their real-time requirements.  
 
The fact that frames in an encoded video stream contribute differently to the resulting decoded video quality, which is 
especially true in the case of SVC, implies that it would be useful to provide differentiated treatment to the individual 
frames during transmission instead of assigning the whole video flow to a single service class. This will however 
require deep packet inspection on lower layers as the transport layer (e.g. UDP) hides the priority information available 
in the application level – or in the RTP level in the case of SVC. This is however not the case for RTP multi-session 
transmission (MST) of SVC, defined in the RTP payload format specification for SVC [7]. The MST capability makes 
the allocation of different SVC layers to different service classes in the network level more straightforward as the 
different layers can be transmitted as separate flows. But even with MST transmission, the link level prioritization 
issues discussed later in this chapter are relevant for also this type of streaming sessions. 

4.2 Packet priority signalling (cross-layer) 
To refrain from burdening the link layer with deep packet inspection tasks, we propose that per-packet QoS needed for 
differentiated treatment of packets in a same flow is enforced at the network layer of the sender machine. That is, the 
packet classification would be done in the IP layer so that instead of giving all the packets the same DiffServ code point 
(DSCP) [8] value, the classifier would also check the packet priority information from the SVC RTP payload headers 
and do the classification on per-packet basis.  
 
The Assured Forwarding (AF) service of DiffServ [9] provides a possibility to assign packets belonging to the same 
class with differing drop priorities. This approach fits our purposes well, and we thus propose the following mapping of 
SVC layers to AF classes: base layer packets are mapped to AF11, enhancement layer 1 to AF12, enhancement layer 2 
and higher either to AF12 or to AF13, if more priority levels are desired. In the classification, the first number of the AF 
value (AFxx) indicates the class (assumption that video streaming traffic is assigned to class 1 was made) and the 
second the drop precedence (1 = low, 2 = medium, 3 = high). We consider here only the SNR scalability levels in 
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allocating SVC packets to AF classes but also more complex allocations considering also temporal scalability levels 
could be supported as discussed in [10]. 
 
The classification is straightforward in situations where only one SVC NALU is encapsulated into one RTP packet. 
However, the size of NALUs in a video stream can be very large and to avoid fragmentation on lower layers, the 
NALUs often have to be fragmented already at the application layer. The problem with fragmentation packet types 
supported by the RTP payload format specification for SVC [7] is that it includes the SVC extension header containing 
the frame priority information only into the first fragment as shown in Figure 17. Thus, the latter fragments do not 
contain any priority information in the payload header that could be obtained for classification purposes on lower 
layers. This needs to be taken into account in the module performing deep packet inspection and DiffServ classification 
at the sender side. The standard also supports aggregating multiple SVC NALUs into a single RTP packet. This type of 
encapsulation cannot be supported by per-packet QoS mechanisms, if NALUs with different priorities are encapsulated 
into a same packet, unless the classification algorithm handles the aggregated priorities in the same way.  
 

 

Figure 17 – FU-A encapsulation mode of the RTP payload format for SVC. 

When the packets come down to the link layer and MAC, another mapping algorithm is needed to mach the DSCPs 
with the service classes supported by the MAC. As both the DiffServ services and the MAC level traffic classes are 
designed to support different traffic types so direct mapping can be achieved rather easily in the per-flow case, i.e. flows 
belonging to a DiffServ class are mapped to one of the MAC classes depending on the traffic characteristics. In order to 
achieve per-packet QoS treatment for SVC packets also in the link level, some other approaches than this direct 
mapping need to be considered.  

4.3 Implementing per-packet QoS for IEEE 802.11e EDCA access 
As the OPTIMIX solution will be simulated and demonstrated on a WLAN system, in this section we consider 802.11e 
mechanisms in the discussion of link layer QoS. Moreover, since HCCA access is not widely deployed due to its 
complexity, yet again the analysis is narrowed down to 802.11e EDCA access [2]. 
 
The IEEE 802.11e EDCA access divides packets coming from higher layers (i.e. IP) into four access categories 
(AC_VO for voice, AC_VI for video, AC_BE for best effort and AC_BK for background traffic) depending on their 
assigned priority (e.g. DSCP). The priorities of the different ACs are shown in Table 5. The access priorities for the 
ACs are assigned according to their QoS requirements using four EDCA parameters: AIFS (Arbitration Inter Frame 
Space), CWmin and CWmax (Contention Window parameters), and TXOP (Transmission Opportunity). The parameter 
values are assigned individually for each queue and the AP periodically broadcasts the parameters in its beacon 
messages. Table 6 lists the default values used for non-AP STAs. If needed, the corresponding EDCA parameters for 
APs can be set separately to adjust the traffic class behaviour for larger amounts of traffic. 

 
Priority AC [n:o] 

AC_VO [3] 
AC_VI [2] 
AC_BE [1] 

Highest 
 
 

Lowest AC_BK [0] 

Table 5 – IEEE 802.11e access category priorities. 

TXOP limit AC CWmin CWmax AIFSN 
DSSS/CCK OFDM Other 

AC_VO (aCWmin+1)/4-1 (aCWmin+1)/2-1 2 3.264ms 1.504ms 0 
AC_VI (aCWmin+1)/2-1 aCWmin 2 6.016ms 3.008ms 0 
AC_BE aCWmin aCWmax 3 0 0 0 
AC_BK aCWmin aCWmax 7 0 0 0 

Table 6 – Default IEEE 802.11e EDCA parameter set. 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D3.3b version 1.1 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 21/39 

The overall impact of the different AIFS, CWmin, and CWmax values is difficult to show with timing diagrams as their 
impact is more statistical in nature. Instead, it is easier to compare the AIFS and the size of the random backoff 
windows. For example, when comparing voice and background frames these ACs have CWmin values of 7 and 31, and 
AIFS of 2 and 7, respectively. This introduces an average delay of 5 (2+7/2) slot times before sending a voice frame, 
and an average of 22 (7+31/2) slot times for background frame. Therefore, voice frames are statistically much more 
likely to be sent before background frames. Finally, different values of CWmax allow maintaining the priority between 
ACs in the case of collisions and backoff procedures. 
 
In pure EDCA case, all the video packets would be queued into the same AC (AC_VI) without any differentiation. In 
order to achieve differentiated treatment for packets belonging to a video stream, several papers like [10] and [11] 
propose algorithms for mapping different types of video packets into EDCA queues depending on their priority. 
Following the approach proposed in these papers, we can produce a two-class mapping table for SVC traffic (Table 7) 
ranging from the SVC frame priority (SNR scalability with two enhancement layers) information to EDCA queue 
assignment with DiffServ classification in the middle. The overall architecture for communicating the SVC priority 
information from the application layer to 802.11e MAC is depicted in Figure 18. 
 

SVC QL DiffServ class IEEE 802.11e AC 
00 AF11 AC_VI 

01, 10 AF12 AC_BE 

Table 7 – Cross-layer packet priority mapping table for SVC traffic. 

 

Figure 18 – Cross-layer architecture for SVC packet prioritization. 

This kind of a setup gives a better loss and delay behaviour for the most important base layer traffic to traverse 
IP/802.11e networks. All enhancement layer traffic is degraded to a lower class and thus it is more probable that these 
less important packets are being dropped or delayed in case of network problems instead of the base layer packets. The 
results in papers [10] and [11] show that this type of prioritization scheme improves the overall quality of received 
video. The papers do not however consider cases where there is other interfering traffic in the ACs used for the video 
traffic. The upcoming IEEE 802.11aa standard amendment, discussed in the next section, is expected to solve the 
scalability issues that these proposals suffer from. 

4.4 IEEE 802.11aa for robust video streaming in WLANs 
IEEE 802.11aa [6] is a new task group developing an amendment to the IEEE 802.11 standard to include MAC 
enhancements to support robust audio video streaming, while maintaining co-existence with other types of traffic. The 
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planned MAC enhancements enable graceful degradation of audio video streams when there is insufficient channel 
capacity, increased robustness in overlapping BSS environments, intra-AC prioritization of transport streams by 
modifying EDCA timing and parameter selection, improved link reliability and low jitter characteristics for 
multicast/broadcast audio video streams, and interworking with relevant 802.1AVB mechanisms (802.1Qat, 802.1Qav, 
802.1AS). These functionalities should be enabled without any requirement for deep packet inspection or a centralised 
management entity.  
 
Thus, the 802.11aa aims to find solutions to some of the problems discussed earlier in this chapter. One of the goals of 
802.11aa is to enable link layer adaptation on differentiated frames in a video stream according to channel conditions. 
This is to be done while maintaining co-existence with other types of traffic and without the requirement of deep packet 
inspection. For this reason, the TG is working to specify an intra-AC differentiated service, which is not supported in 
802.11e QoS amendments. The envisioned intra-AC differentiated service will allow link layer intra-AC prioritization 
of transport streams and packet discarding. It enables modifying the EDCA timing and parameter selection for frames 
belonging to the same AC for intra-AC prioritization and also enables frame discarding for graceful degradation of 
audio video streams when there is insufficient channel capacity. The need for deep packet inspection is avoided through 
new header and packet formats that can be used for signalling the intra-AC policies and packet drop priorities.  
 
The standard is still in its early stages and there is not yet much information available of the solutions, but the intra-AC 
differentiated service a very interesting concept for OPTIMIX as it could enable the needed QoS support for SVC 
traffic in congestion situations. This approach fits well into the OPTIMIX system architecture, and the advanced 
signalling system utilized in the project could provide more extensive information about the channel status in order to 
find optimal solutions for the EDCA timing and parameter selection as well as frame discarding in the intra-AC case. 
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5 Robust Header Compression toward adaptation and multicast 
This chapter presents the work done on the header compression, which has a very important role in the OPTIMIX 
context. Indeed, in a scenario where several users are streaming the same video and where the transmission is adapted to 
the spectators’ channel and network conditions, not only packets containing data but also feedbacks or control messages 
are transmitted over the network. In order to reduce the overhead of this transmission and avoid further loading the 
communication links, a mechanism to compress packet headers can be beneficial. 

Starting from the work previously done and presented in D3.3a [1], a RoHC module providing compression of UDP, 
UDPLite, RTP and DCCP Data Headers has been integrated in the common OMNeT++ simulator (see Section 5.3. for 
further details). 

Using the joint simulator, RoHC performance has been evaluated and presented in Sec.5.4 for different channel 
conditions and compared to a scenario without header compression. This study is a necessary step for an adaptation of 
the compression parameters to the users received quality. 

Moreover, the introduction of RoHC in a multicast transmission has been studied in Sec. 5.2 and first evaluation results 
have been provided in Sec. 5.5. 

5.1 RoHC compressor state machine 
The main features of the RoHC protocol [12] have been presented in the deliverable D3.3a and we invite the reader to 
refer to that document for more details. However, we consider that a well understanding of the compressor state 
machine is important for a good comprehension of multicast issue and for the selection of well-suited compression 
parameters. Therefore a short overview of the compressor behaviour is provided in the following. 

We remind first of all that the different fields composing the packet header are classified by RoHC into static and 
dynamic fields: static fields are those that do not vary during the transmission, as the port number and IP address, while 
dynamic ones are the fields varying for every packet as sequence numbers and timestamps.  The compressor state 
machine is composed by three states working on these static and dynamic fields: namely the Initialization and Refresh 
(IR), the First Order (FO) and the Second Order (SO) states. In the Initialization and Refresh state, packets are sent with 
an uncompressed header and 5 additional Bytes carrying a context identifier: the decompressor stores the received 
information and associates it to the received identifier thus creating the context to use to correctly decompress the 
following packets. In the First Order state, the static fields of the header are no longer transmitted, while the context 
identifier and the dynamic fields are sent uncompressed. In the Second Order state, a compressed version of the 
dynamic fields is transmitted eventually with the dynamic fields that changed, resulting in an even smaller header. 

Moreover, RoHC specifies three possible modes of operation: Unidirectional (U), Bidirectional Optimistic (O) and 
Reliable (R). The difference between the three modes is in the events that control the state transitions, as depicted in 
Figure 19. In the U mode, the compressor sends L packets from each state before moving toward a more compressed 
state while timeouts are used to move backward: the FO_ TIMEOUT is used to go back from the SO to the FO state and 
the IR_TIMEOUT to go back from the FO or the SO state to the IR one. It follows that for high values of L the 
compressor stays longer in the less compressed states, thus resulting in a bigger average header size. On the contrary, 
for higher values of the timeouts the compressor stays longer in the more compressed states, with the consequence of a 
smaller average header size but an higher probability of context errors, which can not be corrected until the following 
context update (done in the IR and in the FO states). 

When adopting the Bidirectional Optimistic mode of operation, the compressor moves forward as in the U mode and 
backward when receiving NACKs. In the R mode instead the decompressor guides the compressor state transition with 
the use of ACKs, NACKs and STATIC NACKs. 
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Figure 19 – RoHC Compressor State Machine. 

5.2 Header compression of multicast packets 
The header compression of a packet addressed to several users (i.e., a multicast or a broadcast packet) introduces some 
peculiar aspects, detailed in the following. 

The first issue is related to the compressor state machine and to its state transitions. Indeed, in a multicast scenario the 
following problems arise: 

1. The compressor cannot wait for all the acknowledgements sent by the receivers when in R mode. Indeed, if the 
compressor does not know how many terminals are on the multicast list, it can not know how many ACKs it 
has to wait before changing the compression state. Even with that information, the action to take when not all 
the ACKs are received is not of easy decision. Indeed, the compressor could remain in the less compressed 
state until all ACKs are received or move forward if at least n ACKs are received. Moreover, the use of ACKs 
would introduce additional overhead thus going against the compression principle.  

2. The use of NACKs, adopted in the O and R modes, would introduce a different problem. Since we might be 
dealing with different channel conditions for each receiver, only one bad channel out of many good ones 
would have the power to disable the header compression. In the worst case, the compressor might not move 
from the IR state, penalizing all the receivers.   

The easier solution to cope with these two problems is to use, in multicast scenarios, RoHC in a Unidirectional 
operation mode only. In this way we do not have to deal with several ACKs and NACKs, and users experiencing bad 
channel conditions would not penalize the other clients. A similar solution has been also adopted by several protocols at 
different layers of the protocol stack when dealing with multicast transmissions thus confirming the soundness of our 
choice: consider the IEEE 802.11 standard as an example, where the ACK transmission is disabled in the multicast case. 
 
The second issue is related to having different users starting the streaming at different times. Indeed, assuming that the 
compression function is applied at the Base Station, the compressor enters in the IR state as the first video packet is 
transmitted in that cell. When a new user in the same cell requests the same stream, the compressor may be in the First 
or Second Order states. 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 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).  

Considering that defaults values of IR_TIMEOUT and L are usually 1000 and 5 packets respectively [13], new users 
would lose on average 500 packets before being able to decompress the packet header. This delay introduced at the 
beginning of the video streaming should be minimized.  

Several solutions have been analyzed in the literature [14]: authors of this work proposed to send one or two IR (i.e., 
uncompressed) packets every FO_TIMEOUT or in a uniformly distributed period or to go directly back to the IR state 
at the FO_TIMEOUT expiration. Other proposals were to correlate header compression to the video structure, for 
example by sending one uncompressed header for every packet with the RTP Marker Bit equal to 1 (i.e., before a new 
image) or to send an extra uncompressed header non associated to any payload. The applicability of these solutions to 
the OPTIMIX context will be analyzed in the future work. 
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5.3 RoHC module implementation in the simulation chain 
The RoHC module is integrated in the simulator between the Network and the MAC layers of both the Base Station (as 
depicted in Figure 20) and the Mobile Client. The compressor takes as inputs the IPv6 packets received by the Network 
layer and generates a new OMNeT++ message including a packet where the header has been compressed. The 
decompressor receives a RoHC packet and decompresses it by generating an IPv6 message. 

The RoHC module of the OPTIMIX simulator is controlled by 6 parameters.  

The first one is the mode. The following configurations are available: 
- 0 = compression disabled 
- 1 = Unidirectional mode  
- 2 = Bidirectional Optimistic mode 
- 3 = Reliable mode 

 
Three parameters control the compressor behavior:  
- L :  number of packets sent in each state before moving to the more compressing one 
- FO_TIMEOUT: number of packets sent before moving back to the  FO state 
- IR_TIMEOUT: number of packets sent before moving back to the  IR state 
 

 

Figure 20 – Base Station implementation. 

Finally two parameters can be used to tune the decompressor behavior: 
- k1: in the R mode, number of discarded packet out of n1 (set to 20) needed to send a NACK 
- checksum_coverage: if bigger than 3, the field is considered a dynamic field (static if not)    
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The RoHC profile, i.e. the stack of protocol headers, does not need to be specified. It is automatically derived from the 
selection of the transport layer protocol for data and signaling. 

5.4 Performance evaluation for unicast transmission  
Since the Unidirectional is the most suited operation mode for multicast transmissions, we select that mode for the 
OPTIMIX solution and for our evaluation. 

In this section we evaluate the performance of that protocol for the standard RTP/UDPLite/IPv6 profile and for the new 
RTP/DCCP/IPv6 profile defined in [1]. It has to be noticed that an evaluation of the RoHC performance (in term of 
average header size, packet error rate, throughput at transport layer and PSNR) in a unicast scenario is a necessary step 
to well understand the protocol behavior in the multicast case. Moreover, the information collected in this way can be 
exploited to optimize the RoHC compression parameters in a cross-layer way.  

The goal of this work is thus to identify for every channel condition the compression parameters providing the best 
performance. Exploiting this information we could in the following adapt on the fly RoHC parameters in order to 
improve the streaming quality.   

We study RoHC performance considering an end-to-end streaming session affected by packet losses and errors 
generated by different channel models and using the project OMNeT++ simulator. The considered scenario is the one 
selected as a reference and presented in D2-3 [15].  
 
Several wireless nodes are connected to four points of access which are on their side connected to a server via a wired 
IP network; an end-user sends via RTSP a request for the Foreman ITU-T reference sequence (QCIF, 15Hz, 20 first 
GOPs) to the server. To simplify the simulation, and since the coding process has no impact on RoHC performance, the 
server selects a sequence pre-coded with a bit rate of 440kb/s and sends it to the client. Adaptation at the Base Station, 
Packet Error Correcting Codes and RTP FEC features are also disabled. The wired IP network module may introduce a 
variable packet loss probability, while the wireless channel has been modelled as a Rayleigh block fading channel. 

5.4.1 Effect of packet losses 

In this section, we evaluate RoHC performance in case of packet losses for the RTP/UDPLite/IPv6 profile. Considering 
the scenario described above, the wired network module introduces a variable amount of losses while the signal-to-
noise ratio on the wireless channel is high enough to avoid bit errors. 

We set RoHC compression parameters to maximize the header compression (i.e., L=2, FO_TIMEOUT=200, 
IR_TIMEOUT=1000). With these settings the resulting average RTP/UDPLite/IPv6 header size is of 7.68 Bytes. 

Figure 21 shows the average throughput obtained for a loss probability - called in the figure Packet Erasure Rate (PER) 
- ranging from 0 to 10%. Results obtained with header compression are compared to results obtained without RoHC. 
The picture clearly shows that there is no difference in the throughput achieved with or without RoHC, even with the 
considered RoHC settings which favour compression instead of robustness. This means that, even when many packets 
are lost (at least up to 10%), RoHC is still able to maintain the context of the communication. RoHC performance may 
degrade for higher PER but values higher than 10% are not representative of a realistic scenario and thus don’t require a 
careful study. 
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Figure 21: Throughput at the transport layer for different packet loss probabilities. 

5.4.2 Effect of independent and identically distributed errors 
In this section, we study RoHC performance with a simplified channel model introducing independent and identically 
distributed bit errors. The BER is varied from 10-5 to 10-3 to see the impact of a different amount of bit errors on the 
compressed packet header. We assume that the PER on the wired network is negligible. 

We consider the following compression parameters, suggested by the results of the PHOENIX project [13]: we vary L 
between 2 and 5 and we set FO_TIMEOUT to 200 and IR_TIMEOUT to 1000 packets. 

We present in Figure 22 the average header size obtained after compression for different values of L and of the BER. 
We report also as a reference the non compressed RTP/UDPLite/IPv6 header of 60 Bytes. It can be noticed that, as 
expected, the header size does not vary with the bit error rate. Indeed, compressor parameters are set at the beginning of 
the simulation and do not depend on the received quality. Moreover, we can observe that the average compressed 
header size grows with L: the higher the value of L, the longer the compressor stays in the less compressing states. 
However, we can see that by varying L between 2 and 5 packets there is a difference of almost 1.5 Bytes in the average 
header size. The impact of such values of L is thus low if compared to the gain obtained with the introduction of the 
compression functionalities: the obtained header results indeed 7 times smaller than the uncompressed one.  

 

Figure 22: Average Header Size for the RTP/UDPLite/IPv6 Profile. 
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Figure 23 : Loss rate at the UDPLite transport layer for different BER. 

We report in Figure 23 the Packet Erasure Rate with and without header compression for the RTP/UDPLite/IPv6 
profile. This metric, measured at the transport layer of the receivers, indicates the number of packets discarded at the 
transport layer due to a wrong checksum on the header, eventually combined with the number of packet discarded by 
the RoHC module when compression functionalities are activated. Reasons for packet discard at the RoHC module are 
a wrong CRC on the compressed header or context errors.  

This figure shows however that, even if RoHC introduces more causes of error, fewer packets are dropped. Indeed, if 
the resulting PER corresponds quite well to the probability to have at least an error on the compressed header and thus 
discard the packet due to a wrong CRC. This means that context errors are negligible. Moreover, the header size being 7 
times smaller in the compressed case, the final discard probability is significantly lower with RoHC than in the 
uncompressed case. These results confirm the behavior described in the literature [13]. Finally, results obtained with 
different values of the parameter L are quite similar, since the average header size differs of at most 1.5 Bytes. 

The trend of the loss probability is reflected by the throughput, presented in Figure 24 as a function of the BER and for 
L varying from 2 to 5. For any bit error value the throughput achieved after the header compression outperforms the 
throughput achieved without compression thus remaining at values higher than 420kb/s even for a BER of 10-3. 

A so high difference in the throughput results at the transport layer is however not reflected by such important gain in 
the video quality. The received PSNR, measured after the robust decoding presented in D2-3 [15], is reported as a 
function of the BER for the same configurations presented above. In the case without compression, for BER higher than 
10-4 so many packets are discarded at the lower layers than the decoding is not successful.  

We can observe in this figure that the PSNR is still higher in the RoHC case than in the case without compression. The 
improvement in the performance is anyway reduced: indeed, the BER introduced in the simulations to analyze RoHC 
behavior (that is to have errors on the header) is so high that packets arriving at the decoder are very corrupted, resulting 
in a poor PSNR also for high values of the transport layer throughput. We can anyway consider that, with the 
introduction of a channel coding, lower BERs affect the packets thus moving the operation range to higher PSNR.  

Similar results are obtained with the RTP/DCCP/IPv6 profile. We remind that at the moment the header compression 
function considers only DCCP data and acknowledgement packets: header of other packets, like the packets for the 
connection opening or closure, are not compressed. However, these packets are sporadically transmitted and their non-
compression has a negligible impact on the results. As an example, we depict in Figure 26 the number of packets 
discarded up to the transport layer: these simulations confirm the good RoHC behavior obtained with UDPLite. 
Throughput and header size results are also very similar to the RTP/UDPLite/IPv6 case and are omitted here for the 
sake of brevity. 
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Figure 24 : Throughput at the UDPLite transport layer for different BER. 

 

Figure 25 : PSNR for different BER obtained using UDPLite at the transport layer. 
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Figure 26 : Loss rate at the DCCP transport layer for different BER. 

5.4.3 High-mobility pedestrian scenario 
In this section, we study RoHC performance on a NLOS scenario, where mobile clients move at a speed of speed 2 or 3 
Km/h, for example along a road, thus without big variations of the channel quality. 

These results are thus 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. Conversely, no losses are introduced on the wired network. 

At the physical layer we perform a BPSK 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. 

RoHC settings are the followings: IR_TIMEOUT=1000, FO_TIMEOUT=100, L varying from 2 to 20. 

Figure 27 reports the average throughput at the transport layer as a function of the signal to noise ratio ES/N0 with and 
without header compression. We can immediately observe that results differ a lot from the ones achieved with the 
previous considered channel model. Indeed, if it is true that for low error probabilities (e.g., for ES/N0=32.5 dB) 
performance obtained with header compression is better for any compression parameters, the trend significantly 
changes when the errors increase. We can see that as the signal to noise ratio decreases, the L parameter has to be 
increased to obtain equal or better performance in case of header compression. This means that more robustness, 
corresponding to a longer time spent in the less compressed state, is needed. As an example, for ES/N0=27.5 dB we 
obtain better performance for values of L higher or equal to 10, while for ES/N0=25 dB starting from L=20. Finally, it 
has to be noticed that a further increase of L does not bring additional benefit. 

This behavior can be better explained by looking at the different simulation results obtained with different seeds. Table 
8 presents the throughput achieved in 20 different runs for L=2, L=5 and L=20 and a signal to noise ratio equal to 27.5 
dB. We can observe that the average throughput is lowered by the results of certain runs where the final throughput is 
equal to zero when L is lower than 20. These results depend on the decompressor inability to create a static context. 
Indeed, L=5 means for example that the compressor transmits the five first packets with an uncompressed header to 
offer the receiver the possibility to store the context identifier and its static value. However, if errors occur on these five 
packet headers, the decompressor does not have a correct static context and discards all the following compressed 
packets until a correct version of the IR packets is received. Since the compressor goes back to the IR state only after 
IR_TIMEOUT packets, the RoHC drop rate is significantly high. In our simulations, the used Foreman video sequence 
is composed by 300 frames, generating 612 packets: with the default value of IR_TIMEOUT=1000 the compressor 
never goes back to the IR state during the simulation, giving a final throughput equal to zero. 

We can anyway observe that this behavior can be easily corrected by remaining longer in the IR and in the FO states: 
i.e., by increasing L. Indeed, with higher values of L we increase the probability to receive at least one packet with a 
correct context and thus we enable a correct decompression.  
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Figure 27 : Throughput at the transport layer as a function of the signal to noise ratio. 

 
 L=2 L=5 L=20 

#Run    
1 386500 316634 384738 
2 366537 265047 352060 
3 349280 283043 368760 
4 379224 381481 355310 
5 335155 362493 228863 
6 0 0 96395 
7 322145 387854 352335 
8 362241 322250 395938 
9 0 0 282988 
10 371000 362357 331804 
11 391255 389043 313822 
12 346447 303172 134546 
13 366767 392013 390300 
14 0 0 359537 
15 335915 322306 376100 
16 351428 379630 314650 
17 416715 353579 242068 
18 340269 361749 231273 
19 329597 391235 188792 
20 0 0 370346 

Table 8 – Average throughput for different runs. 

5.4.4 Low-mobility pedestrian scenario 
In this section we study RoHC performance on a NLOS scenario, where mobile clients are in a commercial or industrial 
environment. Users, equipped with an IEEE 802.11g device, move at a very low speed (indicatively 1Km/h) but 
changing often location and room.  

These results are thus obtained by setting the standard deviation of the log-normal shadowing of the Rayleigh block 
fading channel to 4 dB and the coherence time to 0.5 s. As in the previous section, no losses are introduced on the wired 
network and we perform at the physical layer a BPSK modulation and do not apply any channel coding. 
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Figure 27 reports the average throughput at the transport layer as a function of the signal to noise ratio ES/N0 with and 
without header compression and for different compression parameters. The IR_TIMEOUT is set to 1000 packets while 
the FO_TIMEOUT is 100 on the left-hand side image and 50 on the right hand-side image. Different values of L have 
been considered.  

We can observe in the left hand-side of Figure 27 that with this channel configuration an increase of L is not enough to 
outperform or even reach the same performance in case of header compression. Indeed, context errors are so frequent to 
generate often loss of context at the receiver side: it becomes thus important to frequently go back to the less 
compressing states. Indeed, if L increases the probability that at least one packet with an uncompressed context (static 
or dynamic) is received increases while shorter timeouts allow to more rapidly re-obtain the context when this has been 
lost. 

Results depicted the right hand-side of Figure 28 shows that a shorter FO timeout is beneficial. Indeed, the throughput 
obtained when header compression is enabled results equal or higher than in the case of no header compression for any 
L at signal to noise ratio higher to 33 dB. Performance degrades anyway for worst channel conditions. 
 

 

Figure 28 : Throughput as a function of ES/N0 for FO_TIMEOUT=100 (left) and FO_TIMEOUT=50 (right ). 

 

 

Figure 29 : Average Throughput after Header Compression for a Signal to Noise Ratio of 37.5 dB. 
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Figure 30 : Average Throughput after Header Compression for Signal to Noise Ratios between 35 and 30 dB. 

An accurate evaluation of the impact of L and FO_TIMEOUT parameters has been effectuated by simulation and is 
reported in Figure 29 and Figure 30.  

Figure 29 plots the average throughput as a function of L for three different values of the FO_TIMEOUT (namely, 20, 
50 and 100) when the signal to noise ratio is equal to 37.5 dB. We can observe that in this case of good channel 
conditions there are no context errors and losses since RoHC performs very well. It follows that a shorter header is the 
better choice since the probability to discard packets due to checksum failure is reduced. Long timeouts and low values 
of L should be selected (e.g., FO_TIMEOUT=100 or 200 and L=5). 

Figure 30 depicts instead the average throughput as a function of L, for FO_TIMEOUT equal to 20, 50 and 100 when 
the signal to noise ratio is equal to 35, 32.5 or 30 dB. In this figure we can see the joint effect of context losses and 
different header sizes. Indeed, higher L and shorter FO_TIMEOUT on the one side increase the probability to receive a 
correct context and to update it in case of context losses, on the other side increase that packet header size and thus the 
probability of checksum failures. We can observe that best results are obtained with a FO_TIMEOUT of 50 packets for 
any ES/N0. The most suited value of L increases with the signal to noise ratio, from 10 for ES/N0=35dB, to 20 for 
ES/N0=32.5B and to 30 for ES/N0=30dB. 

 

Figure 31 : Average throughput for different IR_TIM EOUT values. 
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Figure 32 – Average header size for different L and FO_TIMEOUT values. 

As a last note, we can say that the problem of context creation is even more evident in this scenario. The RoHC 
throughput indeed remains always lower than the one in the uncompressed case because often the time spent in the IR 
state is not enough to allow the creation of a static context when long bursts of errors happen when the compressor is in 
the IR state. In this case, the increase of L does not solve the problem and in some simulations all packets are discarded 
since the static context is not received unless we spend most of the time in the IR and FO states.  

Figure 31 shows the average throughput achieved reducing the IR_TIMEOUT to 200 packets. We set L=5 and 
FO_TIMEOUT=100 and we can observe that the throughput benefits from frequent returns to the uncompressed state. 

However, compression parameters letting the decompressor to spend more time in the less compressing states introduce 
as expected an increase of the average header size.  

Figure 32 reports the average header size as a function of L for FO_TIMEOUTs equal to 20, 50 and 100 and an 
IR_TIMEOUT=1000. A trend with a two different slopes can be clearly observed. For values of L lower than the 
FO_TIMEOUT, the compressor stays longer in both the IR and FO states when L increases. For L equal or higher to the 
FO_TIMEOUT the compressor never goes to the most compressed state. In this case, the increase in the average header 
size is due to the longer time spent in the IR state. Finally, we can noticed that for FO_TIMEOUT=50 and L between 10 
and 30 (i.e., the most suited values in case of errors for this kind of channel) the header size varies between 11 and 18 
Bytes. 

A possible solution is to use feedbacks on the received throughput to identify lack of static context and force a return to 
the IR states (see Section 5.6). 

5.5 Performance evaluation for multicast  
This section presents the first results obtained in a multicast scenario, where four different users ask for the same video 
stream via a RTSP request.  

We assume that every user requests the video stream at the same time: i.e., we neglect at the moment the loss of the first 
packets (before a static context reception) for mobile clients connecting after the initialization of the compression phase 
(see Section 5.2). Moreover, in order to simplify our evaluation, we used the channel model of Section 5.4.2, i.e., 
independent bit errors. Finally, we assume that the four users experience four different channel conditions: namely, the 
communication of user #1 is affected by a BER=5*10-5, user #2 by a BER=10-4, user #3 by a BER=5*10-4 and user #4 
by a BER=10-3. RoHC settings have been fixed as in Section 5.4.2. 

We report in Figure 33 the average throughput obtained by each of the four users and, as a reference, the throughput 
obtained in the unicast case for different BERs. We can observe that a single multicast client performs exactly as if it 
was a unicast receiver. The reason is that the performance depends only on the channel condition of each user and on 
the compressor parameters. 

We can conclude that, with the assumption of no waiting time for static context reception, there are no additional effects 
due to the RoHC utilization for multicast transmissions.  
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Figure 33 – Throughput in a Multicast Scenario. 

5.6 Adaptation of compression parameters and conclusions 
This study showed that the wireless channel has a deep impact on RoHC performance: indeed, the number of packets 
discarded by RoHC and thus the upper layers performance result strongly dependent on the used channel model. Results 
presented in the literature so far always showed optimal performance of RoHC thus concluding that a shorter header 
size means less errors and better results. This is not true when long burst of errors introduce losses of the static or of the 
dynamic context. Moreover, results obtained in this section show that an increase of L (to stay longer in the less 
compressing states) or a reduction of the IR and FO timeouts is not either a very successful approach: in several cases, 
to obtain good performance we should remain for a very long time in the IR and FO states. This results in a very high 
header size thus not justifying the introduction of RoHC. 
 
We report in Figure 34 as an example the average Bit Error Rate measured with the channel model considered in 
Section 5.4.3 on time intervals of 10ms for a signal to noise ratio Es/N0 of 27.5dB. We can see that the BER assumes 
very different values but the channel conditions change frequently. 

 

Figure 34 – BER as a function of the simulation time obtained with an Es/N0=27.5 dB for channel of Sec. 5.4.3 
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Figure 35 – BER as a function of the simulation time obtained with a Es/N0=30dB of Sec. 5.4.4 

Conversely, the trend of the BER obtained with the channel model considered in Section 5.4.4 is very different. We 
present in Figure 35 the BER obtained in two runs for an even higher signal to noise ratio (30dB) but longer coherence 
times and a log-normal shadowing of the Rayleigh block fading channel of 4 dB. We can see that in both runs bursts of 
bit errors affect the results for interval of time longer than one second. When these bursts occur during the initialization 
phase of the compression (i.e., when the compressor is in the IR state) the decompressor is no able to create the static 
context. 
 
As seen in the previous sections, an increase of the parameter L is enough to get the correct context at the decompressor 
when the channel varies frequently as in the first case. Instead, in case of long burst of errors, a fine tuning of 
parameters L, IR_TIMEOUT and FO_TIMEOUT is necessary. We thus propose to exploit feedbacks provided by 
clients to the Base Station (and to the Server) in the OPTIMIX solution to have at the compressor an indication of the 
BER. Moreover, combining following feedbacks the compressor can estimate the duration of the burst of errors to 
identify the operation region and use results presented in Figure 30 to tune on the fly compression parameters.  
 
Finally, we propose to exploit another very important feedback: instead of changing the IR_TIMEOUT to provide the 
static context thus introducing frequent periods in the IR uncompressed state (useful in very few situations) we propose 
to use the RoHC (or transport) layer throughput indication. Indeed, if a feedback indicating a throughput equal to zero at 
the receiver side is received by the Base Station Controller, the Controller may provide this information to the RoHC 
module. The RoHC module in its turn can trigger a return to the IR state, that is, in this way effectuated only when 
really needed.  
 
An implementation of this solution will be done and evaluated in the near future. 
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6 Conclusion 
This document presented the intermediate design and performance analysis of DLL functionalities developed in the 
OPTIMIX Task 3.3. Many of the results presented in this document relied on the previous deliverable of the D3.3x 
series, namely the D3.3a. This document focused on presenting the advances in the design and implementation of the 
essential DLL features into the common OMNeT++ simulation chain. Some of the proposed DLL mechanisms for 
enhanced support for multimedia services, such as the partial checksum mechanism for WLAN, multiuser 
scheduling/allocation algorithms for (MIMO) OFDMA links and RoHC, were validated using the common simulation 
chain with promising results showing that the mechanisms work as planned and provide performance improvements 
compared to existing solutions. Moreover, advances in the enhanced WiFi multicast solution development were 
discussed and backed up with numerical analysis of frame recovery mechanisms based on results from real 
measurements. New information regarding the recent development in the state of the art regarding IEEE 802.11e EDCA 
access based prioritized video frame delivery and adaptation was also provided. The results of the study can be utilized 
as a basis for the future development of the WLAN MAC mechanisms. 
 
The work described in this deliverable will continue under OPTIMIX WP3 and more detailed specifications and 
simulation results related to the elements discussed in this document will be presented later in the document D3.3c that 
will conclude the D3.3x deliverable series.  
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7.2 Glossary 
AC Access Category IEEE 802.11e QoS class 

typically assigned for VO, VI, 
BE or BG traffic 

AF Assured Forwarding DiffServ PHB 
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  
BS Base Station  
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CRC Cyclic Redundancy Check A hash function 
CTS Clear-To-Send  
CW Contention Window IEEE 802.11 MAC parameter 
DCCP Datagram Congestion Control Protocol  
DLL Data Link Layer  
DiffServ Differentiated Services IP QoS mechanism 
DSCP DiffServ Code Point  
EDCA Enhanced Distributed Channel Access IEEE 801.11e access mode 
FCS Frame Check Sequence CRC field in IEEE 802.11 

frame 
FEC Forward Error Correction Error control mechanism 
FO First Order RoHC state 
HCCA HCF Controlled Channel Access IEEE 801.11e access mode 
IP Internet Protocol  
IR Initialization and Refresh RoHC state 
JSCC Joint Source and Channel Coding  
MAC Medium Access Control  
MIMO Multiple-Input Multiple-Output  
MST Multi-Session Transmission RTP transmission mode 
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  
PHB Per-Hop Behaviour  
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  
rtPS Real-time Polling Service WiMAX QoS class 
RTS Ready-To-Send  
SNR Signal to Noise Ratio  
SO Second Order RoHC state 
STA Station  
SVC Scalable Video Coding  
TDMA Time Division Multiple Access  
TG Task Group  
TXOP Transmission Opportunity IEEE 802.11e EDCA 

parameter 
U Unidirectional RoHC operation mode 
UDP User Datagram Protocol  
UGS Unsolicited Grant Services WiMAX QoS class 
UMTS Universal Mobile Telecommunications System  
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  
VO Voice  

 


