
UC Santa Cruz
UC Santa Cruz Previously Published Works

Title
Technical Report TR-CCRG-2009-W911NF-05-1-0246

Permalink
https://escholarship.org/uc/item/4kb1x7v2

Author
Garcia-Luna-Aceves, J.J.

Publication Date
2009

eScholarship.org Powered by the California Digital Library
University of California

https://escholarship.org/uc/item/4kb1x7v2
https://escholarship.org
http://www.cdlib.org/


MULTIDISCIPLINARY UNIVERSITY RESEARCH INITIATIVE

DAWN:
Dynamic Ad-hoc Wireless Networks

Interim Technical Report
Grant No: W911NF-05-1-0246

Prepared for:
U.S. Army Research Office
P.O. Box 12211
Research Triangle Park, NC 27709-2211

Authors:
J.J. Garcia-Luna-Aceves (PI) , Anthony Ephremides,
Mario Gerla, Andrea Goldsmith, Muriel Medard,
Katia Obraczka, Hamid Sadjadpour, Nitin Vaidya, Pravin Varaiya

Submitted by:
The Regents of The University of California, Santa Cruz Campus
1156 High Street, Office of Sponsored Projects
Santa Cruz, CA 95064

Contact:
J.J. Garcia-Luna-Aceves, Professor
Computer Engineering Department
University of California
1156 High Street, Santa Cruz, CA 95064
e-mail: jj@cse.ucsc.edu

i



Report Documentation Page 
Form Approved 
OMB NO. 0704-0188 

Public reporting burden for this collection of information is estimated to average 1 hour per response, including the time for reviewing instructions, searching 
existing data sources, gathering and maintaining the data needed, and completing and reviewing the collection of information. Send comment regarding this 
burden estimates or any other aspect of this collection of information, including suggestions for reducing this burden, to Washington Headquarters Services, 
Directorate for information Operations and Reports, 1215 Jefferson Davis Highway, Suite 1204, Arlington, VA 22202-4302, and to the Office of Management 
and Budget, Paperwork Reduction Project(0704-0188,) Washington, DC 20503. 

1. AGENCY USE ONLY (Leave Blank) 2. REPORT DATE 

3. REPORT TYPE AND DATES 
COVERED 
Interim Progress Report  
Aug 1, 2008 to July 31, 2009 

4. TITLE AND SUBTITLE 
DAWN: Dynamic Ad Hoc Wireless Networks 

6. AUTHORS  
J.J. Garcia-Luna-Aceves (PI) , Rajive Bagrodia, Anthony Ephremides, Mario Gerla, 
Andrea Goldsmith, Muriel Medard, Katia Obraczka, Hamid Sadjadpour, Nitin Vaidya, 
Pravin Varaiya 

5. FUNDING NUMBERS 
W911NF-05-1-0246 

7. PERFORMING ORGANIZATION NAME(S) AND ADRESS(ES) 
The Regents of The University of California, Santa Cruz Campus 
1156 High Street, Office of Sponsored Projects 
Santa Cruz, CA 95064 

8. PERFORMING ORGANIZATION 
REPORT NUMBER 

9. SPONSORING / MONITORING AGENCY NAME(S) AND ADRESS(ES) 
U.S. Army Research Office 
P.O. Box 12211 
Research Triangle Park, NC 27709-2211 

10. SPONSORING / MONITORING 
AGENCY REPORT NUMBER 
48089-CI-MUR 

11. SUPPLEMENTARY NOTES 
The views opinions and / or findings contained in this report are those of the author(s) and should not be construed as an official 
Department of the Army position, policy or decision, unless so designated by the documentation. 

12a. DISTRIBUTION AVAILIBILITY STATEMENT 
Approved for Public Release; Distribution Unlimited   

13. ABSTRACT (Maximum 13 lines, use the attachment if necessary)  
 The DAWN (Dynamic Ad-hoc Wireless Networks) project is developing a general theory of complex and dynamic wireless 
communication networks. To accomplish this, DAWN adopts a very different approach than those followed in the past and 
summarized above.  DAWN constitutes what is arguably one of the most ambitious research teams of experts ever assembled that 
can mount a truly cross-disciplinary approach incorporating the effects of the physical layer explicitly into the modeling, analysis, 
and control of wireless communication networks. DAWN will systematically redefine and reorganize existing models, protocols and 
controls, and develop new ones in a framework that guarantees realism and cross-layer consistency to enable the efficient design of 
such complex wireless systems as those required by the Army. The models, tools, algorithms, and protocols developed in 
DAWN will provide transformational improvements to the way in which a network-centric battlefield is managed in the future. 

14. SUBJECT TERMS 
wireless networks, tactical networks, mobile ad hoc networks, network coding, multi-
packet reception, MIMO, communication protocols, network capacity, performance 
analysis, network science, information theory, simulation, analytical models, routing, 
multicasting, channel access, disruption-tolerant networks 

 

17. SECURITY CLASSIFICATION 
OF REPORT 

UNCLASSIFIED 

18. SECURITY 
CLASSIFICATION  
ON THIS PAGE 

UNCLASSIFIED 

 

19. SECURITY CLASSIFICATION OF ABSTRACT 
UNCLASSIFIED 

20. LIMITATION OF ABSTRACT 
UL 

 

ii



Contents

Table of Contents iv

1 Introduction 1

2 Scientific Progress 2
2.1 Executive Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 2
2.2 Massachusetts Institute of Technology (Muriel Medard) . . . . . . . . . . . . . . . 3
2.3 University of California, Berkeley (Pravin Varaiya) . . . . . . . . . . . . . . . . . 8

2.3.1 Travel time estimation based on vehicle re-identification using wireless
magnetic sensors . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 8

2.3.2 Simultaneous Fault Detection for Multiple Sensors . . . . . . . . . . . . . 9
2.4 University of California, Los Angeles (Mario Gerla) . . . . . . . . . . . . . . . . . 9

2.4.1 Delay Tolerant Network in Multi-Domain Networks . . . . . . . . . . . . 10
2.4.2 ProbeCast MANET QoS Support without Reservations . . . . . . . . . . . 11
2.4.3 Adaptive Forwarding Rate Control for Network Coding in the Tactical Net-

work . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 12
2.4.4 Network Coding and Multi-Rate Diversity in Multicast Applications . . . . 12
2.4.5 Content Distribution using Network Coding: Generation Selection Algo-

rithms . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 13
2.4.6 COCAST: MANET Multicast Using Cognitive Radio . . . . . . . . . . . . 13
2.4.7 Secure Multicast using Attribute Base Encryption (ABE) . . . . . . . . . . 14

2.5 University of California at Santa Cruz (J.J. Garcia-Luna-Aceves, Hamid Sadjad-
pour, and Katia Obraczka) . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 14
2.5.1 The Effect of Network Coding on The Order Capacity of Wireless Networks 15
2.5.2 The Effect of Interference Management on The Capacity of Wireless Net-

works . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 16
2.5.3 Efficient Routing Using Depth-First Search . . . . . . . . . . . . . . . . . 17
2.5.4 Efficient Routing Using Temporal Ordering . . . . . . . . . . . . . . . . . 18
2.5.5 Towards Scale-Free Integrated Routing Using Prefixes and Hash Tables . . 21
2.5.6 Integrated Routing, Scheduling and Traffic Management in Ad Hoc Net-

works . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 24
2.5.7 Routing in Disrupted Environments . . . . . . . . . . . . . . . . . . . . . 30
2.5.8 Incorporating Physical-Layer Effects in the Analytical Modeling of MAC

Protocols . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 30
2.5.9 Cross-Layer Channel Allocation that Embraces Concurrency . . . . . . . . 32
2.5.10 Channel Access Using Predictable Behavior . . . . . . . . . . . . . . . . . 33

iii



2.5.11 Improving End-to-End Transport with Learning . . . . . . . . . . . . . . . 33
2.6 University of Illinois at Urbana-Champaign (Nitin Vaidya) . . . . . . . . . . . . . 34

2.6.1 Scheduling in Wireless Networks . . . . . . . . . . . . . . . . . . . . . . 34
2.6.2 Opportunistic Carrier Prediction for Wireless Networks . . . . . . . . . . . 35

2.7 University of Maryland (Anthony Ephremides) . . . . . . . . . . . . . . . . . . . 35
2.7.1 Model . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 36
2.7.2 Total throughput maximization . . . . . . . . . . . . . . . . . . . . . . . . 39
2.7.3 Proportional fairness . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 41
2.7.4 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 46

2.8 Stanford (Andrea Goldsmith) . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 50

3 Technology Transfer 53

4 Publications by DAWN Investigators 53
4.1 Papers Published in Peer-Reviewed Journals and Books . . . . . . . . . . . . . . . 53
4.2 Peer-Reviewed Papers Published in Conference Proceedings . . . . . . . . . . . . 55
4.3 Invited Papers in Books and Journals . . . . . . . . . . . . . . . . . . . . . . . . . 60
4.4 Non Peer-Reviewed Papers Published in Conference Proceedings . . . . . . . . . . 61
4.5 Manuscripts Submitted . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 61
4.6 Ph.D. and M.S. Students Completing Their Studies . . . . . . . . . . . . . . . . . 61

5 Honors and Awards 63

6 Faculty and Student Support 65

7 Bibliography 66

iv



1 Introduction

In theory, ad hoc networking technology should be ideal to support the network-centric battlefield;
however, the practice today is far from this theory. Despite the intense past and ongoing research
and development work on ad hoc wireless networks, adequate principles, tools , and methodologies
for designing reliable MANETs that meet given requirements are still missing. To date, most
protocol design and analysis approaches for MANETs have essentially decoupled the “network”
from the “physical medium.” The results from this approach have led to the false belief that
system theoretic tools (that focus for example on dynamical system behavior) may lead to scalable
methods of design and operation. The focus of most protocol-design approaches for MANETs and
sensor networks continue to view a network as a graph in which interference at a receiver occurs
only over the links with its “one hop” neighbors (those nodes whose transmissions the receiver can
decode on the basis of signal attenuation), which leads to the erroneous model that interference is
only due to nodes in close proximity to the receiver. These approaches apply methods of analysis
that are similar to those used to study the Internet. In reality, interference at a receiver is a complex
function of the characteristics of the wireless media and terrain, and the transmissions allowed
by the protocol stack from any source in the network. On the other extreme, communication
theorists either continue to focus on point-to-point models (or at most on “uplink” or “downlink”
models of cellular paradigms) or pose Shannon-theoretic questions for large networks that are as
yet impossible to analyze, and provide insight into the design of sparse networks or networks of
moderate sizes.

To address the limitations of the current state of the art in the modeling of ad hoc networks
and their protocols, the Dynamic Ad-hoc Wireless Networks (DAWN) project was established to
develop a general theory of complex and dynamic wireless communication networks. DAWN
adopts a very different approach than those followed in the past and summarized above. DAWN
constitutes what is arguably one of the most ambitious research teams of experts ever assembled
that can mount a truly cross-disciplinary approach incorporating the effects of the physical layer
explicitly into the modeling, analysis, and control of wireless communication networks. DAWN
will systematically redefine and reorganize existing models, protocols and controls, and develop
new ones in a framework that guarantees realism and cross-layer consistency to enable the efficient
design of such complex wireless systems as those required by the U.S. Army. The models, tools,
algorithms, and protocols developed in DAWN will provide transformational improvements to the
way in which a network-centric battlefield is managed in the future.

Professor Garcia-Luna-Aceves is the Principal Investigator (PI) of DAWN. The rest of the fac-
ulty supported in DAWN are Professor Anthony Ephremides from the University of Maryland
(Maryland); Professor Muriel Medard from MIT; Professor Pravin Varaiya from UC Berkeley;
Professors Mario Gerla and Rajive Bagrodia from UCLA; Professors Katia Obraczka and Hamid
Sadjadpour from UC Santa Cruz (UCSC); Professor Nitin Vaidya from the University of Illinois
at Urbana-Champaign (UIUC); and Professor Andrea Goldsmith from Stanford University (Stan-
ford).
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2 Scientific Progress

This section summarizes the scientific progress made during the past year of the project in estab-
lishing a mathematical framework for the modeling of MANETs and sensor networks, exploiting
cross-layer interactions in protocol stacks, developing a theory of scalable and robust protocols for
MANETs and sensor networks, enabling large and high-fidelity simulations, and introducing novel
approaches for network control.

We organize the discussion of our contributions as reported by each principal investigator (PI)
in the project. The PIs in DAWN have collaborated across multiple tasks and many of the technical
accomplishments in DAWN involve more than a single task and a single PI. The order in which
the scientific progress is reported is alphabetical based on the name of the participating campus.

2.1 Executive Summary

During the past year, the DAWN project has continued making fundamental contributions to the
development of a science of networks. The caliber of the contributions made in the project can
be easily measured by the quality and quantity of publications, as well as the production of the
graduate students who have benefited from the research carried out in DAWN.

We have made remarkable progress in the development of new mathematical frameworks for
the characterization of MANETs, which will help researchers and practitioners understand mobile
ad hoc networks, and the design of protocols that are much better suited for MANETs. We have
had 26 journal papers published or accepted for publication, 60 peer-reviewed papers published
or accepted for publication in conference proceedings, and six invited papers or book chapters.
The quality of the work is as impressive as the number of publications achieved by the researchers
participating in DAWN. Since its inception, the DAWN research team has received Best Paper
awards each year, and this year is no exception. The following four papers received Best Paper
awards during the past year:

• IEEE Fred W. Ellersick 2008 MILCOM Award for Best Unclassied Paper (selected from 650
accepted papers ):
Z. Wang, S. Karande, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, On the Capacity Im-
provement of Multicast Trafc with Network Coding, Proc. IEEE MILCOM 2008, San Diego,
California, November 1719, 2008.

• Best paper Award:
Dirceu Cavendish, Kazumi Kumazoe, Masato Tsuru, Yuji Oie, and Mario Gerla, ”CapStart:
An Adaptive TCP Slow Start for High Speed Networks, International Conference on Evolv-
ing Internet (Internet 2009), Cannes, France, Aug. 2009.

• 2009 IEEE Communications Society and Information Theory Society Joint Paper Award:
T. Ho, M. Medard, R. Koetter, D. R. Karger, M. Effros, J. Shi, and B. Leong, A Random
Linear Network Coding Approach to Multicast, IEEE Transactions on Information Theory,
vol. 52, no. 10, pp. 4413-4430, October 2006.

• 2009 William R. Bennett Prize in the Field of Communications Networking:
S. Katti, Rahul, H., Hu, W. , Katabi, D., Medard, M., and Crowcroft, J., ”XORs in the Air:
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Practical Wireless Network Coding,” IEEE/ACM Transactions on Networking, Volume 16,
Issue 3, June 2008, pp. 497 - 510

Our journal publications appear in some of the most selective journals covering the field of
wireless networks, including the IEEE Transactions on Information Theory, the IEEE Transac-
tions on Communications, IEEE Transactions on Wireless Communication, IEEE JSAC, and Ad
Hoc Networks. Many of the conference papers published over the past year by DAWN researchers
appeared in such technical conferences as ACM MobiCom, and ACM MobiHoc, IEEE SECON,
IEEE MASS, and IEEE Infocom, which are more selective than many technical journals. In ad-
dition, to these publications, 12 Ph.D. students and 17 M.S. students completed their studies and
theses.

During the past year, we have obtained many new results on the capacity of wireless networks.
Key results in this area include: (a) demonstrating that network coding (NC) does not provide any
order throughput gain in wireless ad hoc networks subject to multicast communication; (b) estab-
lishing interference management as a new approach for collaboration among nodes to increase the
capacity of wireless networks by improving channel reuse; (c) novel approaches for information
dissemination in wireless networks that take advantage of network coding, cognitive radios, en-
cryption, or back-pressure; (d) the first theory of routing based on temporal ordering; (e) the first
approach for integrated unicast and multicast routing that eliminates completely the use of flood-
ing or network-wide dissemination of signaling packets; and (f) novel approaches to distributed
transmission scheduling in wireless networks.

The DAWN project has continued delivering tangible and fundamental results in the “science
of networks” challenge identified by the U.S. Army Research Office. The rest of this section
summarizes the technical accomplishments by the various members of the DAWN team.

2.2 Massachusetts Institute of Technology
(Muriel Medard)

In the area of dissemination in MANETs, we have proposed a linear network coding scheme to
disseminate a finite number of data packets in arbitrary networks. We have shown that the problem
can be thought of as a scheduling problem, which is hard to solve. Thus, we have considered the
use of a greedy algorithm that only takes into account the current state of the system to make a
decision. The algorithm tries to maximize the impact on the network at each slot, i.e. maximize
the number of nodes that will benefit from the coded packet sent by each active transmitter. We
have shown that our scheme is considerably better, in terms of the number of slots to complete
transmission, than schemes that choose the node with more information as the transmitter at every
time slot.

Let us consider an example showing the benefit of choosing the transmitter node in order to
provide the greatest impact to the system at each time slot versus choosing the node that has the
most information. The figure for this example is given below.

Let us consider a network with no packet erasures where each node wants to receive M data
packets. Each node can contact 2 neighbors to the left and 2 to the right, as in the figure above.
The leftmost node has all M packets while a middle node has M/2 linear combinations. The
figure above (a) shows the data dissemination process in time if we choose the node with the most

3
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Figure 1: Motivating Example 1: Data dissemination when choosing (a) node with the most knowl-
edge, and (b) node with the most impact

information and that is further downstream (Progressive Base Station scheme in the introduction).
This scheme takes 5M

2
time slots to complete the dissemination. The figure above (b) shows the

same procedure when the node with the highest impact is chosen at the beginning. We break
ties without considering parallel transmissions and trying to keep as close a behavior to the first
approach. This is a simplified version of the Greater Impact scheme. Note that this very naive
scheme requires only 2M time slots to disseminate all information to the nodes, just by choosing
node 4 as the first transmitter. Thus, choosing the node with the most information requires 25%
more time to complete transmission in this simple example, even with a vanilla version of our
scheme. If we performed the dissemination with a scheme similar to 1 of the introduction, 3M
time slots would be required to complete the transmission, i.e. 50% more time than choosing the
middle node, which has greater impact to the network, at the beginning.

Our proposed scheme chooses at each time slot the schedule that will provide the greatest im-
pact on the network (’Greater Impact’). We compare it to a scheme that chooses a schedule based
on the node that has the most knowledge in the network (’Progressive Base Station’). We assume
that the available schedules are the same for both schemes. Also, we simplify the problem by only
allowing schedules that do not generate interference in some nodes, which could be beneficial in
some cases. Note that this is not a restriction of the analysis but a means to simplify the simu-
lation. The comparison between the schemes is carried out in terms of average time to complete
transmission of M data packets under different packet erasure probability scenarios.

Our results focus on linear meshed networks with one or two neighbors upstream and down-
stream. The packet erasure probability to the closest two neighbors is Pe1, while Pe2 corresponds
to the packet erasure probability for the two neighbors farther away. Finally, we assume that one

4
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Figure 2: Completion time of schemes on a linear meshed network of 10 nodes with different
number of data packets to be disseminated. Each node can only contact one neighbor upstream
and one downstream but with no packets being erased, i.e. Pe1 = 0, P e2 = 1.

node at the edge of the network has all information at the beginning and that all other nodes have
no information .

We observe that our ’Greater Impact’ scheme has the same completion time to that in T
(2)
c

for N = 1 neighbor upstream and 1 neighbor downstream, K = 10 nodes in the network, and
a range of data packets M . The ’Progressive Base Station’ approach shows similar performance
to T (1)

c . The figure below shows that a considerable reduction in completion time can be found
by choosing the schedule with the greatest impact to the network and by breaking ties in favor of
schedules that benefit nodes with the least information. This is related to opportunistic overhearing
idea presented for routing, i.e. if we allow overhearing of the data packets the dissemination time
can be considerably reduced, because each transmission will be useful for more than one node.
The figure shows the degradation in performance we would get if we performed routing of the
coded packets from one node to its neighbor without exploiting the broadcast nature of wireless
channels.

The figure below shows the performance of the two schemes when coded packets can suffer
erasures. Each node has N = 2 neighbors upstream and downstream, except nodes at the edges
of the linear meshed network. This figure shows that for different scenarios our ’Greater Impact’
scheme shows much better performance. Note that both schemes are allowed the same schedules.
The main difference is the way each scheme chooses amongst the different schedules.

We have considered the use of network coding to increase robustness not only in dissemina-
tion, but also in streamed protocols, in particular TCP. The main aim of our approach is to mask
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Figure 3: Completion time of schemes on a linear meshed network of 10 nodes with different
number of data packets to be disseminated. Each node can contact N = 2 neighbors upstream and
2 downstream.

losses from TCP using random linear coding. We make some important modifications in order to
incorporate coding. First, instead of the original packets, we transmit random linear combinations
of packets in the congestion window.

While such coding helps with erasure correction, it also leads to a problem in acknowledging
data. TCP operates with units of packets, which have a well-defined ordering. Thus, the packet
sequence number can be used for acknowledging the received data. The unit in our protocol is
a degree of freedom. However, when packets are coded together, there is no clear ordering of
the degrees of freedom that can be used for ACKs. Our main contribution is the solution to this
problem.

A compact representation of the knowledge space is the basis matrix. This is a matrix in row-
reduced echelon form (RREF) such that its rows form a basis of the knowledge space. The figure
below explains the notion of a seen packet in terms of the basis matrix. Essentially, the seen
packets are the ones that correspond to the pivot columns of the basis matrix. Given a seen packet,
the corresponding pivot row gives the coefficient vector for the witness linear combination. An
important observation is that the number of seen packets is always equal to the dimension of the
knowledge space, or the number of degrees of freedom that have been received so far. A newly
received linear combination that increases the dimension is said to be innovative.

The notion of seen packets defines an ordering of the degrees of freedom that is consistent
with the packet sequence numbers, and can therefore be used to acknowledge degrees of freedom.
Upon receiving a linear combination, the sink finds out which packet, if any, has been newly seen
because of the new arrival and acknowledges that packet. The sink thus pretends to have received

6



Figure 4: Seen packets and witnesses in terms of the basis matrix

the packet even if it cannot be decoded yet. If all the packets in a file have been seen, then they can
all be decoded as well.

The idea of transmitting random linear combinations and acknowledging seen packets achieves
our goal of masking losses from TCP as follows. Every random linear combination is very likely
to cause the next unseen packet to be seen. So, even if a transmitted linear combination is lost, the
next successful reception will cause the next unseen packet to be seen. From TCP’s perspective,
this appears as though the degree of freedom waits in a fictitious queue until the channel stops
erasing packets and allows it through. Thus, there will never be any duplicate ACKs. Every ACK
will cause the congestion window to advance. In short, the lossiness of the link is presented to TCP
as an additional queuing delay that leads to a larger effective round-trip time. The term round-trip
time thus has a new interpretation. It is the effective time the network takes to reliably deliver a
degree of freedom (including the delay for the coded redundancy, if necessary), followed by the
return of the ACK. This is larger than the true network delay it takes for a lossless transmission and
the return of the ACK. The more lossy the link is, the larger will be the effective RTT. Presenting
TCP with a larger value for RTT may seem counterintuitive as TCP’s rate is inversely related to
RTT. However, if done correctly, it improves the rate by preventing loss-induced window closing,
as it gives the network more time to deliver the data in spite of losses, before TCP times out.
Therefore, losses are effectively masked.

We have tested the protocol on a TCP flow running over a single-hop wireless link. The trans-
mitter and receiver are Linux machines equipped with a wireless antenna. The experiment is
performed over 802.11a with a bit-rate of 6 Mbps and a maximum of 5 link layer retransmission
attempts. RTS-CTS is disabled.

Our implementation uses the Click modular router, whose code extracts the IP packets trans-
mitted by the source TCP module using the KernelTun element. These packets are then processed
by an element that encapsulates the network coding layer at the sender. In order to control the
parameters of the setup, we use the predefined elements of Click. Since the two machines are
physically close to each other, there are very few losses on the wireless link. Instead, we artifi-
cially induce packet losses using the RandomSample element. Note that these packet losses are
introduced before the wireless link. Hence, they will not be recovered by the link layer retransmis-
sions, and have to be corrected by the layer above IP. The round-trip delay is empirically observed
to be in the range of a few tens of milliseconds. The encoder and decoder queue sizes are set to 100
packets, and the size of the bottleneck queue just in front of the wireless link is set to 5 packets. In
our setup, the loss inducing element is placed before the bottleneck queue. The quantity measured
during the experiment is the goodput over a 20 second long TCP session. The goodput is measured
using iperf. Each point in the plots shown is averaged over 4 or more iterations of such sessions,

7



Figure 5: Experimental measurements of TCP with network coding.

depending on the variability. Occasionally, when the iteration does not terminate and the connec-
tion times out, the corresponding iteration is neglected in the average, for both TCP and TCP/NC.
This happens around 2% of the time, and is observed to be because of an unusually long burst of
losses in the forward or return path. In the comparison, neither TCP nor TCP/NC uses selective
ACKs. TCP uses delayed ACKs. However, we have not implemented delayed ACKs in TCP/NC
at this point.

The figure below shows the goodput as a function of the packet loss rate. For each loss rate, the
values of R and W have been chosen by trial and error, to be the one that maximizes the goodput.
We see that in the lossless case, TCP performs better than TCP/NC. This could be because of
the computational overhead that is introduced by the coding and decoding operations, and also
the coding header overhead. However, as the loss rate increases, the benefits of coding begin to
outweigh the overhead. The goodput of TCP/NC is therefore higher than TCP. Coding allows
losses to be masked from TCP, and hence the fall in goodput is more gradual with coding than
without. The performance can be improved further by improving the efficiency of the computation.

2.3 University of California, Berkeley
(Pravin Varaiya)

2.3.1 Travel time estimation based on vehicle re-identification using wireless magnetic sen-
sors

Reference [7] describes the first practical system for the real-time estimation of travel time across
an arterial segment with multiple intersections. The system relies on matching vehicle signatures
from wireless sensors. The sensors provide a noisy magnetic signature of a vehicle and the precise
time when it crosses the sensors. A match (re-identification) of signatures at two locations gives
the corresponding travel time of the vehicle. The travel times for all matched vehicles yield the
travel time distribution. Matching results can be processed to provide other important arterial
performance measures including queue lengths, and number of vehicles in the link. The matching
algorithm is based on a statistical model of the signatures. The statistical model itself is estimated
from the data, and does not require measurement of ‘ground truth’. Sensys Networks, Inc. is now
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marketing a produce based on this research.

2.3.2 Simultaneous Fault Detection for Multiple Sensors

A randomly time-varying environment is monitored by a group of sensors. Each sensor has a
fixed location where it periodically collects a noisy sample of the environment. A sensor may
fail at any time, after which it reports incorrect measurements. Based on the sensor reports we
wish to identify which sensors have failed and when the faults occurred. If a failed sensor reports
measurements with implausible values the fault can be correctly and quickly identified; but if it
continues to report plausible values, fault detection is more difficult. Reference [8] proposes fault
detection algorithms for this difficult case. The intuitive idea underlying the algorithms is for each
sensor to detect a change in the correlation of time series of its own measurements with those of
its neighbors’ measurements.

2.4 University of California, Los Angeles
(Mario Gerla)

Over the past year, we focused on multicast for efficient, robust, fair and congestion protected
dissemination in MANETs. We use tools and techniques ranging from Network Coding to back-
pressure, adaptive forwarding, Cognitive Radios and Attribute Based Encryption. In the following
we provide a synopsis of the following tasks:

• In Task 1, we have extended RelayCast analysis from a single domain situation to multi-
domain environments where a node communicates with other nodes in different domains
through gateways.

• In Task 2, we continued work on ProbeCast, a probe based call admission control scheme
with QoS guarantees for inelastic flows. We have extended ProbeCast by developing analytic
models and utility function formulation.

• In Task 3, we develop a network coding protocol that is resilient to jamming attacks in the
tactical field. Intermediate nodes dynamically adjust encoding and forwarding rate based on
channel conditions and jamming.

• In Task 4, we investigate the gain of joint Network Coding and link-layer transmission rate
diversity in wireless multicast applications.

• In the Task 5, we develop a generation size selection algorithm based on local information.
In MANETs, topology constantly changes due to mobility and thus a source cannot know
the optimal generation size in advance. We develop the algorithm for dynamic size selection
and evaluate performance via simulation

• In Task 6, we develop a multicast protocol using cognitive radio that decreases scalability
problem and congestion. Nodes scan available channels cooperatively and select the most
efficient channel.
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Figure 6: Delay tolerant multi-domain network example: number of domains k = 3, number of
nodes per domain g = 3, and number of gateways m = 1. M2 in domain 1 sends data stream to all
the nodes in domain 2 and domain 3 (gs = 1, d = 2, andgd = 3)

• Task 7 addresses security using Attribute Base Encryption (ABE) scheme for MANET mul-
ticast. We add a ”fading” function to simplify ”situation dependent” attribute updating.

2.4.1 Delay Tolerant Network in Multi-Domain Networks

In previous work, we proposed RelayCast, a multicast routing protocol in DTN [13]. To analyze
the protocol, we assume that inter-contact time of an arbitrary pair of nodes follows an exponential
distribution with rate λ. In favorable mobility conditions, RelayCast provides two main benefits: it
supports reliable delivery in DTN scenarios with intermittent connectivity and improves through-
put scalability with increasing number of nodes.

In this funding period we extended RelayCast analysis from a single domain situation to multi-
domain environments where a node communicates with other nodes in different domains through
gateways that are capable of communicating with other gateways in different domains [14]. In our
scenario, inter-domain traffic is delivered over a virtual mobile DTN backbone of gateways using
RelayCast. Given that there are k domains each of which has g members and m mobile gateways,
inter-domain traffic patterns are defined as: each domain has gs sources each of which chooses
d random domains and there are gd random destinations per domain (i.e., ns = gsk sources, and
nd = gdk destinations per source). In inter-domain RelayCast, a pair of nodes perform either of the
following operations: in Phase 1 (member-to-gateway), the multicast source sends a new packet to
one of its gateway nodes, in Phase 2 (gateway-to-gateway), the gateway now performs RelayCast:
if there is a gateway that belongs to one of d destination domains and that has not received a packet
yet, the relay gateway delivers the packet; and in Phase 3 (gateway-to-member), the destination
gateway delivers the packet to all gd multicast receivers in its domain 6. We found the optimal
inter-domain networking configuration that achieves the same scaling behavior as single domain
multicast; namely, the number of gateways is Θ(gk) and radio range is Θ( 1√

gk
). In general, when

the number of gateways per domain scales as m = O(gk), the throughput of inter-domain Relay-
Cast per multicast source is given as Θ(min(mλ,m2λ/nsnd)), and the average delay is given as
Θ(max(log nd/mλ+ log gd/λ, nsd/k ∗ log d/mλ+ nsnd/kg ∗ log gd/λ)).
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Flow 1

Flow 3

Flow 1

Flow 3 
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Flow 1
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Flow 2

Backpressure

Figure 7: Three flows in the simple topology. Lower graphs show packet delivery ratios, presented
by percentage. (A) Two flows are present oth with have high delivery ratios over 90%. (B) Flow
2 starts transmitting and other flows’ delivery ratios decrease because of hannel contention. (C)
Flow 2 packet drop rate is exceed the threshold and backpressure start.

2.4.2 ProbeCast MANET QoS Support without Reservations

We have continued work on ProbeCast, a probe based call admission control scheme with QoS
guarantees for inelastic flows. The objective of call admission control is to minimize the fraction
of packet loss in the network rejecting unfeasible flows. Each flow in the network has different
drop threshold depending on priority and age and ProbeCast constantly readjusts flow acceptance
to reflect changes in topology and capacity of MANET. However, the traditional schemes, once
they accept a flow, can no longer reject it. This ability to readjust flows dynamically is where
ProbeCast outperforms existing reservation based QoS schemes., We recall that an inelastic flow,
e.g., interactive sessions and video/audio streaming, has fixed rate and cannot be dynamically
adjusted to traffic and load condition as in elastic flows like TCP. In wireless ad hoc network,
reliable support of inelastic flows is extremely challenging since dynamic topology due to mobility
and the shared wireless channel. Bandwidth must be reserved for inelastic flows at session set up
time, but resource reservation requires high overhead in order to catch up dynamic topology. To
avoid repeated attempts to set up reservations and prevent serious network capacity degradation due
to call set up overhead, a Call Admission Control strategy robust to mobility must be developed.
ProbeCast [17] probes capacity availability of a path (or a tree). If an intermediate link along the
probed path fails to meet the QoS requirement, the flow is pushed back via backpressure upstream
to an intermediate branch or possibly to the source. The backpressure principle is simple; however,
its implementation requires some care to avoid unfairness and eventual capture by one of the flows
sharing a congested bottleneck. To achieve this, we have developed the Neighborhood Proportional
Drop (N-PROD) scheme. N-PROD guarantees fair rejection of unfeasible flows and maintains
the same proportional drop rate among surviving flows in the same contention domain so that it
guarantees backpressure in wireless shared medium.

We have extended ProbeCast by developing analytic models and utility function formulation.
This material is contained in the submitted journal [16].
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Figure 8: The number of forwarded pack-
ets changes as a function of simulation time.
We select two nodes among nine nodes in
the network. Grey area is jamming attack
period and jamming starts random time with
random interval. Generation size is 8 and
the number of forwarded packets is 4 ∼ 17.
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Figure 9: Packet delivery ratio of adaptive
forwarding and fixed forwarding rate net-
work coding in random network topology.
One source and 10 receivers. Maximum
node speed is 20m/s and minimum node
speed is 1m/s.

2.4.3 Adaptive Forwarding Rate Control for Network Coding in the Tactical Network

Jamming attack in the tactical area may cause widespread disruption and delays to inject junk mes-
sages into the shared wireless medium (thus, disrupting normal MAC layer operations or introduc-
ing packet collisions). We developed a jamming resilient multicast scheme in tactical MANET
using network coding [15]. Each node dynamically adjusts coding and forwarding rates locally
based on channel condition. Network coding can dynamically generate redundant packets, al-
lowing us to provide a different level of redundancy based on location and time. Say, in normal
situation, it decreases a forwarding rate to save resources, but an intermediate node injects more
encoded packets to help down-stream nodes while jamming attack occurs. To this end, each in-
termediate node includes its rank of the current generation in the packet header, and an up-stream
node adjusts forwarding rate based on the overheard rank information of down-stream nodes. The
framework and problem formulation for this task was started in Q8. Here we report preliminary
results. Specifically, we validated the effectiveness of our proposed protocol via QualNet simu-
lations. We implement random jamming scenario in which the jammer starts jamming at random
times with random periods in a selective network area. During the jamming period, nodes in the
jamming area drop 50 ∼ 90% of packets. To overcome the problem, nodes in the jamming area
increase their forwarding rate. By virtue of this increase, the destination manages to achieve more
than 98% packet delivery ratio even with packet drop rate of 90% due to jamming. With constant
forwarding rate, without adaptive increase, the achieved rate drops to 86%. This drop may have
severe effect on tactical multimedia applications.

2.4.4 Network Coding and Multi-Rate Diversity in Multicast Applications

In [19], we have investigates the fundamental limits on the gain of joint Network Coding and link-
layer transmission Rate Diversity in wireless multicast applications. Network Coding has been
shown to improve throughput of wireless multicast in various scenarios and applications. Those
applications can further exploit link-layer Rate Diversity, whereby individual nodes can transmit
at faster rates than the overall uniform rate at the expense of smaller coverage area. The benefits
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of Rate Diversity for wireless multicast have been demonstrated before, without considering the
inter-connections between network coding and rate diversity. In [19], we address the performance
of Network Coding and Multi-Rate Diversity in wireless multicast networks and thereby derive
formal bounds on the throughput gain for such networks.

2.4.5 Content Distribution using Network Coding: Generation Selection Algorithms

BitTorrent-like P2P based content sharing in the Internet cannot be directly applied to wireless
mobile ad hoc networks, because the network topology constantly changes due to mobility. Under
this circumstance, nodes only have limited knowledge of the topology, which makes the peer/piece
selection hard. Recently, it was shown that network coding effectively mitigates such a problem,
thereby considerably improving the performance of content distribution. In practice, the process-
ing overhead makes us to split a file into multiple chunks (or generations), each of which has a
fixed number of pieces, and to perform network coding on a chunk basis. For instance, a file with
100 pieces can be divided into 10 chunks (each with 10 pieces), and for a given chunk, coded
pieces are generated by mixing pieces that belongs to the chunk. Intuitively, the smaller the size
of a chunk, the smaller the processing overhead. However, increasing the number of chunks di-
minishes the benefits of network coding - reverting to BitTorrent-like file sharing when the number
of chunks is the same as the number of pieces. Thus, we have a chunk selection problem: a node
must decide which chunk it should download first (a la which piece to download first in BitTor-
rent). In BitTorrent, it was shown that different piece selection strategies significantly affect the
overall performance (e.g., random, rarest first, etc.). Likewise, the chunk selection problem will
affect to the performance. We have developed various chunk selection algorithms based on local
information and have examined the impact of those algorithms on the performance using QualNet
simulations [11].

2.4.6 COCAST: MANET Multicast Using Cognitive Radio

ODMRP is one of the most popular ad hoc multicast routing protocols due to its robustness in
mobile scenarios. However, as the network size increases, ODMRP [12] suffers from severe colli-
sions due to redundant packet transmissions in the multicast mesh. We aim at improving multicast
robustness and scalability using cognitive radio technology which is known to diversify spectrum
usage, by utilizing certain ranges of wireless spectrum without interfering with their primary own-
ers. We developed a channel allocation and distribution scheme, CoCast [10], to build a multicast
tree in MANET environments. In CoCast, all of the nodes in multicast groups cooperatively detect
other signals, periodically sensing their energy and exchanging this channel sensing information.
This channel information is piggybacked on control packets which travel on a pre-defined common
channel, and nodes select an appropriate channel that can avoid jamming and congestion. More-
over, maximum channel utilization among multicast groups must be considered to maximize data
throughput and optimize the multicast route. Join Query and Reply are periodically exchanged to
refresh the multicast route and CoCast updates channel assignments based on new channel infor-
mation during a route refreshing period to adapt to dynamic channel conditions. We assume that
nodes in the network have a single radio transceiver that requires a channel switching delay when-
ever changing channels. We evaluates CoCast performance that achieves scalability and avoid
jamming through simulation study.
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Figure 10: Mobile ad hoc networks using cognitive radio using different channels to avoid colli-
sion.

2.4.7 Secure Multicast using Attribute Base Encryption (ABE)

In a multi-coalition environment, private, selective and situation dependent delivery may introduce
unacceptable delays if implemented with conventional PKI or symmetric key techniques. We
applied ABE (Attribute Based Encryption) techniques to deliver data to selected groups in a multi-
coalition force, in a “need to know” basis. However, a private key update is not efficient enough
in the conventional ABE strategy, because whenever a single attribute in the private key changes,
the entire private key has to be updated. We found out that the inefficiency is caused by the
revocation scheme of ABE. In ABE, all the attributes in the private key rely on a single time
restriction attribute, which makes it impossible to retrieve attributes separately. We solved this
problem by introducing a fading function to each attribute. That is, after a pre-defined time, an
attribute value will change, thus making an old attribute value useless. Each attribute use a different
fading function. So it is possible to tune attributes’ fading pace according to the change frequency
of different attributes. In [9], we provided a mathematical construction of so called “dynamic
attributes” based on Sahai et al.’s work [18]. Then we analyzed our dynamic attribute scheme in
terms of security and efficiency through simulations. Our results showed that the dynamic attribute
scheme outperforms conventional ABE in key update (key management). By reducing the number
of attributes generated and transmitted, dynamic attributes mitigate the burden of Key Master and
save the bandwidth as well.

2.5 University of California at Santa Cruz
(J.J. Garcia-Luna-Aceves, Hamid Sadjadpour, and Katia Obraczka)

Over the past year, we have continued our work on the study of fundamental limits of wireless
networks, new approaches to information dissemination in wireless networks, and the modeling of
communication protocols in multihop wireless networks.

The seminal work by Gupta and Kumar [44] on the capacity of wireless networks focused on
the traditional view of ad hoc networking in which protocols are based on a one-to-one commu-
nication paradigm aimed at avoiding multiple access interference (MAI). This work has sparked a
growing amount of interest in the understanding of the fundamental capacity limits of wireless ad
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hoc networks. Following up on our accomplishments in the previous year, we focused on studying
the effect of two specific approaches that attempt to increase the capacity of wireless networks. We
analyzed the effect of network coding on the multicast order capacity of wireless networks, and
the effect of a new approach, which we call interference management on the unicast order capacity
of wireless networks.

2.5.1 The Effect of Network Coding on The Order Capacity of Wireless Networks

The concept of network coding was first introduced by Yeung and Zhang [30] and subsequently
generalized by Ahlswede et al. [31] for a single source multicast in arbitrary directed graphs.
Since then, many studies have investigated the benefits of using network coding (NC) in wireless
networks.

Recent work [32, 33] has shown that the throughput gain due to the use of NC in a wireless
network is bounded by a constant when the traffic in the network consists of multiple unicast
sessions. However, the motivation for the original work by Ahlswede et. al [31] was improving
network performance for multicasting, not unicasting. Furthermore, several works [34, 35, 36,
37, 38, 39, 40, 41] have demonstrated that broadcasting and multicasting significantly alter the
throughput order of wireless networks under conventional routing. Hence, it does not necessarily
follow that NC can provide no order increase in the multicast capacity of wireless networks because
it does not provide an order gain for the unicast capacity.

Recently, widely cited experiments [42, 43] have been reported in which NC has been used
successfully in combination with other mechanisms to attain large throughput gains compared
to approaches based on conventional protocol stacks. These empirical results have led many to
believe that the combination of NC with wireless broadcasting can lead to significant improvements
in the multicast order throughput of wireless networks. However, the exact characterization of
the multicast order capacity of NC in wireless networks has remained an open problem since its
introduction ten years ago, with only limited results having been reported to date on the subject.

Over the past year, we undertook the characterization of the multicast and broadcast throughput
order of wireless ad-hoc networks in presence of network coding.

Physical network coding (PNC) [53] and analog network coding (ANC) [54] have been pro-
posed recently, which combine NC with advanced processing at the physical layer that allow re-
ceivers to decode multiple concurrent transmissions. ANC was shown [54] to provide throughput
gains when compared with digital network coding (i.e., receivers decode at most one packet at a
time) and traditional routing (i.e., no NC and receivers decode at most one packet at a time) oper-
ating in simple network topologies in which ideal scheduling (i.e., no MAI) is assumed for channel
access. Throughput gains have also been reported for PNC in simple topologies [53].

Our study assumes a network consisting of n nodes distributed randomly in the network space,
with each node acting as a multicast source of a group ofm randomly chosen nodes in the network.
As we reported in our prior annual report last year, we have shown that the order throughput of a
wireless network can be increased by embracing interference at the physical layer through multi-
packet transmission (MPT) or reception (MPR), without the use of NC [55, 56]. This year, we
showed [57] that using NC together with MPT and MPR does not increase the order throughput of
a wireless network for multicasting compared to what MPR and MPT can provide by themselves!
What these results imply is that similar throughput gains to those observed with ANC could be
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attained in practice by embracing concurrency at the physical layer without the need for NC.
More importantly, we were also able to show that, under the protocol model, the per-session

multicast capacity of random wireless ad hoc network in the presence of arbitrary NC 1 has a tight

bound of Θ

(
1√

mnlog(n)

)
whenm = O( n

log(n)
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n
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we have shown [28] that, under the physical model, the per-session multicast capacity of random
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. It has already been established in the literature that the above

bounds are achievable on the basis of traditional store-and-forward routing methods. Consequently,
our analysis demonstrates conclusively that the throughout gain due to NC for mutlicasting and
broadcasting is bounded by a constant factor! Our work is the first to solve the characterization of
the multicast order capacity of wireless networks, which has been an open problem for the past 10
years.

Our research demonstrates that network coding does not provide any order capacity gain for
multicasting and broadcasting. This answers conclusively a research question that had been open
for the past ten years since the introduction of network coding for wired networks. Despite our neg-
ative result on the multicast order throughput for NC, the constant-factor gains that can be attained
in some cases with NC over store-and-forward routing should not be ignored, and they may be of
importance in practical settings. However, our work has also shown that embracing concurrency at
the physical layer by means of MPR and MPT provides the same multicast order throughput with or
without NC, and that MPR and MPT can be used to attain the optimal unicast capacity in wireless
networks [29]. Hence, the effectiveness of using a scheme based on NC to attain higher multicast
throughput should be compared against approaches based solely on physical-layer concurrency. In
addition, the signaling overhead incurred by the different approaches should be evaluated carefully.
Instantiating the necessary NC state at relaying nodes may incur signaling overhead that outweighs
any potential throughput gains that NC is intended to provide in the forwarding of data packets.

2.5.2 The Effect of Interference Management on The Capacity of Wireless Networks

Since the landmark work by Gupta and Kumar [44] on the capacity of wireless ad hoc networks,
considerable attention has been devoted to improving or analyzing their results. Ozgur et al. [63]
demonstrated that the capacity of random wireless ad hoc network scales linearly with n by al-
lowing nodes to cooperate intelligently using distributed MIMO communications. Unfortunately,
distributed MIMO techniques require significant cooperation and feedback information among
nodes to achieve capacity gains using multiple antenna systems. These challenges include syn-
chronization during transmission and cooperation for decoding which makes distributed MIMO
systems less practical.

Prior approaches aimed at increasing the capacity of wireless networks have viewed fading and
interference as major impeding factors to the scaling of wireless ad hoc networks. Prior approaches
have attempted to combat interference and fading separately. Information theorists define interfer-
ence into three categories. The first category is when the interference signal strength is much

1Arbitrary NC implies that a transmitted symbol can be an arbitrary function of all the symbols received and
generated at a node.
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stronger than that of desired signal. Under this condition [64], the interference can be first decoded
by the receiver and then subtracted using successive interference cancelation (SIC). Once the inter-
ference is canceled, then the desired signal can be decoded. In some applications, the interference
strength is much weaker than the desired signal. Under this condition, the interference is treated as
noise and the signal can be directly decoded. If the strength of interference and desired signal are
comparable, a commonly used strategy is to orthogonalize the channel by means of time division
medium access (TDMA) or frequency division medium access (FDMA) to separate the signals.
Such resource allocation approach provides reliable communications for nodes in the network but
decreases the capacity significantly.

Multiuser diversity [65] was introduced as an approach to increase the capacity of wireless
cellular networks. The main idea behind this approach is for a base station to select a mobile
station that has the best channel condition by taking advantage of the time-varying nature of fading
channels, thus maximizing the signal-to-noise ratio (SNR). This idea was later extended to mobile
wireless ad hoc networks [66] and MIMO cellular networks [67].

Over the past year, we have introduced a new multiuser diversity scheme, which we call in-
terference management, where channel fading is used proactively to mitigate interference in the
network from simultaneous transmissions, as long as there are enough nodes in the area. Just as
important, interference management allows a distributed MIMO system to operate with the same
level of complexity of multiple SISO systems! Unlike all prior techniques that attempt to fight
individually fading and interference as impairments in wireless channels, interference manage-
ment takes advantage of one of them (fading channel) to reduce the negative effect of the other
one (interference). By taking advantage of multiuser diversity, interference management attempts
to maximize the SNR beyond a threshold, while minimizing the interference-to-noise ratio (INR)
below another threshold, such that the interference signal strength is no longer significant. The re-
sult is very effective, and constitutes a powerful technique that achieves high throughput capacity
and yet requires minimum feedback and simple point-to-point encoding and decoding complexity
for each node. Furthermore, we have shown [68, 69] that interference management achieves dirty
paper coding capacity in wireless cellular networks.

We have been able to show that the throughput capacity with interference management in wire-
less ad hoc networks is C(n) = Θ

(
log(T (n))√

nT (n)

)
when T (n) = Ω

(√
log n

)
is the transmission

range. Our approach provides a gain of Θ (log(T (n))) compared to the simple multi-hop point-
to-point communications under similar network assumptions. The gain ranges from Θ (log log n)
to Θ (log n), depending on the value of the transmission range, while the encoding and decoding
complexity of the new scheme is similar to that of point-to-point communications.

2.5.3 Efficient Routing Using Depth-First Search

The proliferation of cost-effective mobile networking technology has fueled enormous interest in
mobile ad hoc networks (MANETs), which in turn has lead to a very large number of proposals
for MANET routing protocols. As varied as the routing proposals for MANETs are, none of the
common proactive or on-demand schemes are very efficient under all traffic-load scenarios. We
argue that, at least in part, this is due to the way in which signaling packets are disseminated in
these protocols. In a proactive routing protocol, signaling packets must find each network node in
order to update the node with the state of a link or destination, independently of whether or not the
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node needs a route that either uses the link or reaches the destination. Similarly, in an on-demand
routing protocol, a route request is flooded to reach nodes that may or may not become part of the
route sought by the route request. Our study of the prior work indicates that all prior schemes have
been aimed at reducing the number of nodes engaged in signaling of routing algorithms based
on breadth-first search (BFS), reducing the amount of BFS signaling information that must be
disseminated, or establishing virtual topologies that may be maintained more efficiently.

As an alternative, depth-first search (DFS) has been studied extensively in the past and many
distributed algorithms for DFS have been reported (e.g., [83, 84, 85]). Surprisingly, however,
DFS has not been used much to support the signaling of routing protocols in MANETs. To our
knowledge, the only efforts that have addressed DFS focus on random walks [86, 87] or routing
with location information (e.g., GPSR [88], WSR [89]).

The scalability of MANETs is of utmost importance to its future success. As the size of a
network increases the number of dialogues between nodes will increase. This will in turn result in
larger number of searches. BFS schemes would flood the network, or at least a very large number of
nodes to find a destination that is far away. If too many nodes are performing BFS simultaneously,
the routing overhead can saturate the network making it impossible to deliver any packets. Route
computations based on DFS involve a much smaller number of nodes and can incur significantly
lower overhead resulting in much less disruption than BFS and therefore more efficient routing as
the size of the network and the number of flows increases.

We have shown by example that (a) routing in MANETs using DFS is not only feasible but can
in fact be much more efficient than routing based on BFS schemes, and (b) efficient DFS-based
routing does not need to rely on (geographical or virtual) coordinate information. We developed the
ordered walk search algorithm (OSA) and analyzed its potential in terms of its time complexity
and the signaling involved. Instead of performing a search in a completely random manner, or
assuming knowledge of the relative position of the destinations, OSA distributively constructs an
approximated minimum-depth spanning tree. Then OSA searches this tree efficiently such that
the number of search messages is minimized and the resulting path is of reasonable length. The
only requirement of this search is two-hop neighborhood information. Our research demonstrates
that, given some neighborhood information, a minimum-depth spanning tree can be approximated,
and that this approximation converges to the actual minimum-depth spanning tree as the size of
the known neighborhood increases. Using OSA, we developed an example of efficient routing
in MANETs based on DFS without the need for location information. We call this protocol the
Ordered Walk with Learning protocol (OWL). The results of simulation experiments for wireless
networks of moderate size illustrate that OWL attains better performance than popular on-demand
and proactive routing protocols based on BFS, with respect to the end-to-end delay of data packets
and the signaling overhead incurred. The results of this work are presented in [82]

2.5.4 Efficient Routing Using Temporal Ordering

The successful dissemination of information in a packet switching network relies on the correct or-
dering of sources and relays with respect to destinations of interest, such that information can flow
closer and closer to the intended destinations as relays forward the information. Many approaches
have been proposed for routing in wireless networks over the past 40 years; however, our analysis
of prior work shows that, with one exception, all the previous work on routing in wireless networks
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has focused on the ordering of nodes with respect to destinations using spatial information, such
as distances to destinations, path constituency, complete or partial topology, absolute location of
nodes, or relative location with respect to special nodes.

During the past year, we have studied the use of a temporal ordering as an alternative to the
commonly used spatial orderings in most routing protocols. The establishment and maintenance
of correct spatial ordering in wireless networks require the assignment of labels to nodes that
somehow reflect the geometry of the network, such that routing loops are not created. To do so,
labels are assigned to nodes according to different distributed algorithms that order such labels
lexicographically (e.g., “12 < 15,” “BC < CDA”, and “[2, ABC] < [3, EBC]”), which then allows
relaying nodes to select as next hops to destinations those nodes with “smaller” labels without
causing routing loops. The labels used in a routing protocol can be as simple as the combination of
a sequence number with a distance, or include detailed path information. Very efficient approaches
have been derived to date based on such spatial ordering. However, an inherent limitation with
spatial ordering is the need to use labels that must be stated explicitly by each node (e.g., a node
states its distance and destination sequence number for a destination) and drawn from a finite
name space. This results in some nodes having to “reset” their labels when (a) they are unable
to find neighbor nodes that are spatially ordered with respect to some destination (e.g., a node
with some distance and sequence number for a destination cannot find a neighbor with a larger
sequence number for a destintion or the same sequence number but smaller distance); (b) they
recover from failures, having lost the routing state they had acquired previously; or (c) the labels
reach a maximum and their values must be recycled. Most of the complexity in the signaling of
routing protocols based on spatial ordering stems from this limitation.

In contrast to routing protocols based on spatial ordering, routing based on temporal ordering
can take advantage of the simple facts that time is unbound and always increasing, and every step
taken in the routing process happens in time. Accordingly, the relative times when a node receives
and transmits signaling packets can be used as the implicit labels for temporal ordering adopted by
the node, and therefore as the basis of a new approach to on-demand loop-free routing.

A key advantage of temporal ordering over spatial ordering is that, as we will show by example,
nodes do not have to convey any explicit labels to their neighbors to be able to order themselves as
predecessors or successors for destinations. Furthermore, by using relative times of transmission
and reception as implicit labels, a node is always able to order itself with respect to its neighbors for
any destination, even after the loss of its prior routing state, and there is always a “next label” that
can be assumed because time is unbounded. This means that temporal ordering does not require
label resets in the associated signaling.

An added advantage of temporal ordering is that time implicitly takes into account many factors
affecting the performance of the protocol (e.g., congestion and available bandwidth over links) and
therefore is a better metric for ordering nodes. Simply being closer to a destination in terms of
hops does not necessarily translate into better performance. If the network is lightly loaded, the
quickest path and the shortest path are likely to be the same. If the network is congested, on the
other hand, the quickest path and the shortest path may not be the same.

Lastly, temporal ordering allows a greater number of paths than ordering based on hop counts.
In previous works [100] we demonstrated that the more links which can be used in the loop-free
ordering, the better the protocol will perform. Consider the simple example illustrated in Figure 11.
A spatial ordering using hop counts is used in Figure 11(a) while a temporal ordering is used in
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Figure 11(b). Nodes A, B and C have the same hop count in the spacial ordering and they cannot
route through each other (to ensure loop freedom) unless the ordering is changed. However, in the
spacial ordering, the probability that the transmission times of two nodes are the same is small.
Therefore, Nodes A, B and C may be able to route through each other and this temporal ordering
allows more paths than the corresponding spatial ordering. If links A−D, B −D and S −D fail,
then there are no remaining S−D paths in the spacial ordering but there is still a usable path in the
temporal ordering, thus a temporal ordering is more resilient to link failures than spatial ordering.

(a) Spacial Ordering (b) Temporal Ordering

Figure 11: Spatial versus Temporal Ordering

Ordering nodes in time is not as simple as allowing a node to take the first reply to a route
request it forwards for a given destination. To provide more efficient ordering than what can be
attained with spatial orderings, temporal ordering must allow a node to acquire multiple paths to
destinations without incurring too much signaling overhead. An additional restriction we impose
on temporal ordering solutions is that nodes should not rely on any absolute time derived from
a global clock to determine the times used for ordering. This is because network-wide clock
synchronization is as complex as ordering nodes in space, which would defeat the objective of
using temporal ordering for routing.

According to our temporal ordering approach, a node classifies each of its neighbors as a poten-
tial successor, predecessor, or neutral with respect to a particular destination, and does this based
on the times when it receives and relays route requests (RREQ), and then prioritizes each of its
successors based on the time it receives the corresponding route replies (RREP). Note that this
ordering of neighboring nodes is based on a simple comparison of the transmission and reception
times recorded using a local clock, and therefore clock synchronization is not required. In addi-
tion, because time moves forward and RREQs propagate over time and space (i.e., the nodes), this
approach enables the partial ordering of all the network nodes with respect to any destination for
which a RREQ is issued.

Hence, with time-based ordering, a node determines which of its neighbors are predecessors
(previous hops) or successors (next hops) with respect to a given destination based solely on the
times when the node receives packets from its neighbors and the times when the node transmits
packets to its neighbors. Furthermore, all time measurements are carried out individually by each
node using its local clock.

Based on this notion of time-based ordering, we designed the Time Ordered Routing Protocol
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(TORP) as a simple example of routing in wireless networks based on temporal ordering. TORP
orders nodes in two phases. Route request (RREQ) messages are used to build successor and pre-
decessor relations in the network, and route reply (RREP) messages are used to order the relative
priorities of the successors established by the RREQs. Routing is then based on the resulting or-
dering, which provides multiple paths to the destination and is therefore resilient to link failures.
We carried out simulation experiments to compare TORP with several protocols based on spatial
ordering. The results illustrate that TORP outperforms traditional routing protocols based on spa-
tial ordering (AODV and OLSR), a recent spatially-ordered protocol that provide multiple routes
per destination (CaSH [100]), and the Authenticated Routing for Ad-hoc Networks (ARAN) [102],
which uses limited time-based ordering. We varied both the load and mobility of the network and
under all conditions, in terms of delivery ratio, CaSH was the closest in performance and TORP
delivered around 25% more packets than CaSH with an even greater margin for AODV, ARAN
and OLSR. What is even more impressive is that this improvement did not come at the cost of
overhead or delay. In fact, TORP had less than half the overhead of AODV, ARAN and OLSR,
and had marginally more signaling overhead than CaSH in some scenarios; however, we must
point out that much work remains to be done to make the signaling in TORP more efficient. The
end-to-end delays and packet-delivery rates attained with TORP were much better than with the
other routing protocols; while end-to-end delays with AODV were slightly better than with TORP,
AODV delivered much fewer packets.

2.5.5 Towards Scale-Free Integrated Routing Using Prefixes and Hash Tables

End user applications for mobile ad hoc networks (MANETs) typically involve point-to-point or
many-to-many communication among network nodes. These applications call for the support of
both unicast and multicast routing in MANETs. Traditional approach to routing in MANETs
assumes the use of node identifiers such as MAC or IP addresses to denote destinations in routing
tables, and more importantly, the use of separate protocols for unicast (e.g., OLSR, AODV) and
multicast (e.g., ODMRP) routing. Maintaining routing tables, built using node identifiers that are
independent of the relative locations of nodes in the network, relies on some form of flooding or
network-wide dissemination. This is because, in order for routing tables to establish entries to
it, either a destination or a representative of a group must announce its presence using identifiers
that have little to do with the topology of the network. Flooding occurs even when sources search
for their intended destinations without knowing their location. Depending on the protocol, the
resulting signaling may consist of the flooding of link states (e.g., OLSR), the dissemination of
distances to destinations (e.g., DSDV), the flooding of route requests (e.g., AODV, DSR), or the
flooding of group join requests (e.g., ODMRP). This poses a problem as the dissemination of
control information on a network-wide basis does not scale with the number of nodes in a MANET.

During the past year, we expanded on our prior work based on prefix-based routing to attain a
unifying approach applicable to any type of information dissemination (unicasting, multicasting,
anycasting). We developed Automatic Incremental Routing (AIR), which is the first approach to
unicast and multicast routing in MANETs in which routing is automatic, in that routes from any
source to any destination is implicit in the labels assigned to nodes; and incremental, in that no
relay node needs to know an entire path to a destination.
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Prior Work on Unicast Routing: Several schemes have been proposed for routing in MANETs,
and due to space limitations we only summarize a small representative sample to highlight the
novelty of the approach adopted in AIR.

Hierarchical routing schemes reduce signaling overhead by organizing nodes into clusters (e.g.,
[95], [127]). HSLS [125] and FSR [122] further reduce signaling of clustering schemes by limiting
propagation of control messages based on their distance from an originating point. The key limi-
tation of clustering schemes is that the affiliation of nodes to clusters is easily broken when nodes
move. Re-establishing such affiliations involves flooding. An approach to reducing the amount
of information communicated among nodes is to hash node identifiers of destinations into Bloom
filters, which are then used in routing updates (e.g., [106], [108]). However, such schemes suffer
from the existence of false positives, which forces nodes to use additional mechanisms to verify
the existence of a route to a destination.

An alternative approach consists of establishing a distributed hash table (DHT) over a virtual
topology defined on top of the physical network. Examples of this approach are Kademlia [120],
Tapestry [131], and VRR [109]. The advantage of this approach is that the DHT size grows only
logarithmically with the number of intended destinations. The key limitation with approaches
based on overlays is that a virtual link can correspond to a multi-hop path in the physical net-
work topology. Accordingly, signaling overhead must be incurred to maintain such links, and this
becomes excessive in large MANETs.

GPSR [88], XYLS [112], GLS [119]) are examples of using geographical coordinates for rout-
ing. These schemes are limited by the requirement of line-of-sight to satellites (for GPS based
devices) and the overhead of discovering the geographical coordinats of intended destinations.

A number of schemes substitute the use of geographical coordinates with virtual coordinates
consisting of the distances of nodes to a few reference nodes (beacons). Examples of this ap-
proach are Beacon Vector Routing (BVR) [115] and LCR [110]. The main limitation of these
approaches is that multiple nodes may be assigned the same virtual coordinates, and there is no
inherent uniqueness to a specific vector of distances to beacons. This results in either incorrect
routing or the use of additional signaling (including flooding) aimed at resolving false positives.

Several compact routing schemes exist in which the routing tables of nodes grow sub-linearly
with the number of nodes at the expense of using paths than may be longer than the shortest
paths. Interestingly, all the compact routing schemes proposed to date are based on different forms
of depth-first searches used to label nodes with identifiers that denote their relative location in a
search tree. Tribe [129] is an example of this approach. Tribe partitions a finite address space into
”control regions” corresponding to finite continuous intervals of addresses. The advantages of this
approach are that routing tables are very small and the route between any two nodes is therefore
implicit from their intervals, just as is the case in AIR. However, the limitation of these schemes
is that they are not applicable to MANETs, because the addition or deletion of any node or link
requires the relabeling of large portions of the network.

We are aware of only one prior approach based on prefix labels. DART [114] amounts to
establishing clusters of nodes based on prefix address trees. The key limitation of this approach
is that substantial relabeling of nodes occur when nodes move or links fail, which is the same
node-to-cluster affiliation problem present in hierarchical routing.
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Prior Work on Multicsast Routing: Multicast routing protocols for MANETs build either
trees or meshes over which data packets are forwarded. These schemes are further classified as
sender-initiated or receiver-initiated based on their signaling. In the receiver-initiated approach,
introduced in CBT [107], also called shared-tree approach, only one node–called the core of the
group–originates the dissemination of information about a multicast group reaching all nodes in
the network. Receivers send explicit requests towards the core to join the group. Sources forward
multicast data packets towards the core, and the packets are then multicast once they reach any
node in the multicast tree or mesh. In contrast, source-based or sender-initiated schemes have
each multicast source initiate the dissemination of state information that reaches all nodes in the
network. Examples of sender-initiated approaches for MANETs are MAODV [123], ADMR [117],
MZR [130], and ODMRP [118]. Examples of receiver-initiated approaches for MANETs are
CAMP [116] and PUMA [128]. The limitation with both schemes is that they require the flooding
of signaling packets from either the sources or the cores of multicast groups, which does not scale
when the network size and number of multicast groups are large.

Recently, a few solutions have explored the use of geographical coordinates in multicasting.
GMR [124] supports multicast routing as an extension of geographical unicast routing; however,
the coordinates of the destinations are assumed to be known, which is not scalable, as it requires
that information to be disseminated throughout the network. On the other hand, HRPM [113]
is an example of multicast routing based on geographical coordinates that avoids the need for
cores or sources to send control traffic to the entire network by means of geographic hashing and
hierarchical routing. HRPM assumes that each node knows its own geographic location, which can
be attained by using GPS [121] at every node. The key advantage of this scheme is that it reduces
the multicast signaling overhead by eliminating the need for flooding from cores (i.e., RPs). The
disadvantage of the scheme is the need to implement geographic routing and the use of GPS.

Automatic Incremental Routing: We observe from the above summary of prior work that
no solution to routing in MANETs exists that attempts to reduce or avoid flooding of signaling
messages, supports both unicast and multicast routing, and routes robustly in dynamic topologies.
AIR is the first approach that eliminates the need for flooding any signaling packet, routes unicast
and multicast traffic using an integrated routing structure, and allows the addition or deletion of
nodes or links with limited impact to node labels and locally stored routing state.

AIR supports unicast and multicast routing in MANETs using routing tables based on prefix
labels rather than node identifiers. AIR uses neighbor-to-neighbor signaling to label each node
with a prefix label that denotes its position in the MANET relative to a root node. The root node
is elected with the help of the same signaling messages used to assign labels. Given the prefix
labels of a source and a destination, at least one route is defined implicitly at each hop by simply
comparing the prefix label of the relaying node with the prefix label of the destination. As a
result, the routing table of a node contains only prefix labels of its neighboring nodes, rather than
identifiers of intended destinations.

AIR builds and maintains a Distributed Hash Table (DHT) to allow a source node to obtain
the prefix label of a destination without flooding. Nodes use a consistent hash function to map
their node identifiers, which are globally unique, to the prefix labels of anchor nodes that are in
charge of storing the mappings between a node identifier and its corresponding prefix label. Each
destination publishes its presence in the network by hashing its own identifier to obtain a prefix
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label, and then sends a unicast publish message with the mapping towards that prefix label. The
node that best matches the target prefix label becomes the anchor node of the destination and
stores the mapping. A source subscribes to a destination simply by first hashing the destination
identifier with the consistent hash function to obtain the prefix label of the anchor, and then sends a
unicast subscribe message towards the anchor. For the case of multicasting, the publish-messages
are group join requests from multicast receivers that form a shared multicast tree by forcing nodes
between multicast receivers and the group anchor to join the multicast group. A multicast source
simply sends its multicast data packets towards the anchor of the target multicast group. These
packets are multicast over the shared multicast tree after they reach the first node that is already a
member of the group.

The results of an extensive simulation study using the QualNet [126] simulator to illustrates
the performance gains obtained with AIR compared to traditional routing in MANETs. The results
show that AIR incurs much less overhead, and provides higher delivery rates and shorter end-to-
end delays than traditional unicast and multicast routing protocols aimed at establishing shortest
paths proactively or on demand.

We have reported the results of this part of our research in [103, 104, 105].

2.5.6 Integrated Routing, Scheduling and Traffic Management in Ad Hoc Networks

The price, performance, and form factors of processors, radios and storage elements are such that
wireless ad hoc networks have become a reality. In theory, they constitute an ideal vehicle to
support disaster-relief and battlefield operations, emergency search and rescue missions, and many
other distributed applications on the move. However, in practice, these applications cannot be
supported effectively in these networks today. To a large extent, this is due to the fact that the
protocol architectures used in wireless ad hoc networks, and mobile ad hoc networks (MANET) in
particular, are derivatives of the protocol-stack architectures developed for wired networks and the
Internet.

In protocol-stack architectures, protocols are decoupled from the physical medium and each
protocol operates independently of others. This has worked well in wired networks, because wired
topologies are constant, bandwidth is plentiful, and each link works independently of any other.
Consequently, separating the selection of a path to reach a destination from the selection of the
packet transmission times over the links in the path is effective, because it reduces design com-
plexity without incurring substantial performance degradation. However, the same approach is
not well suited for wireless ad hoc networks, where links suffer from multiple access interference
(MAI), bandwidth is relatively scarce, and the topologies change because of node mobility and
physical-layer effects (e.g., fading and noise). The creation of a route in a MANET impacts the
contention or transmission schedule perceived by each node in the route, as well as any other node
within interference range of the route. Conversely, because wireless links do not operate in isola-
tion, the transmission by one node in a MANET impacts the performance of all routes with nodes
within the interference range of the transmission. Furthermore, because bandwidth is scarce and
links are multiple access, the transmission queues of multiple nodes interact with each other.

The stark differences between wireless and wired networks call for a cross-layer approach to
managing network resources in support of information dissemination. The solutions that have been
proposed in the past for cross-layer approaches to routing and transmission scheduling are either
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based on centralized algorithms requiring too much information at each node, or do not integrate
routing and scheduling with the establishment of bandwidth reservations and traffic management.
Furthermore, prior solutions do not address the integration of multicast routing with transmission
scheduling.

During the past year, we have developed a new cross-layer framework for the dissemination of
unicast and multicast flows that may be real time (e.g., voice conversations) or elastic (e.g., http).
We call this new framework STORM (Scheduling and Traffic Management in Ordered Routing
Meshes).

STORM assumes that nodes share a single wireless channel organized into time frames con-
sisting of a fixed number of time slots, and that nodes can transmit as many packets as the length of
the time slot allows. The objective in STORM is to orchestrate the scheduling, routing and traffic
management functions of a multi-hop wireless network in a way that sources and destinations of
flows perceive the network as a virtual link dedicated to the dissemination of those flows. Fig. 12
illustrates the five components used in STORM to accomplish this: (a) A priority-based queuing
system to handle signaling traffic, elastic data flows and real-time flows; (b) a routing algorithm
that constructs and maintains routing structures for unicast and multicast flows and confines sig-
naling traffic to those nodes associated with the flows; (c) a distributed transmission scheduling
algorithm based on node identifiers; (d) a reservation algorithm that integrates scheduling and
routing decisions to guarantee end-to-end delays for real-time traffic; and (e) a neighbor protocol
used to collect information needed for scheduling and reservations.
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Figure 12: STORM architecture

Nodes use a priority-based queueing system composed of queues for signaling traffic, elastic
(non real-time) traffic and real-time traffic. Packets are always extracted from the non-empty queue
with the highest priority. If more than one non-empty queue with the highest priory exist, they are
served in round-robin fashion. A real-time queue is created for every new real-time flow traversing
a node, and it is associated with the time slot(s) reserved for the flow. This queueing system exerts
traffic management to expedite the exchange of control packets needed for channel access, routing,
and reservations; avoid multiple access interference of real-time flows so that they can meet their
end-to-end deadlines; and attain high throughput and delivery rates for elastic data flows.
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Nodes use a neighbor protocol to exchange neighborhood information regarding the identifiers
of neighbor nodes and the reservations they have made, and this information is used for scheduling
and reservations.

Accessing the time slots of each frame is based on a combination of distributed elections of
available time slots and reservations of time slots. For those time slots that have not been reserved,
nodes use a distributed election algorithm based on hashing functions of node identifiers; however,
in contrast to prior similar schemes, these elections are such that nodes have channel-access delay
guarantees. To support real-time data flows, reservations are made on time slots selected by the
routing algorithm so that the channel access times of all nodes in the paths from sources to desti-
nations of a real-time flow are ordered in time and meet the end-to-end delay requirement of the
flow. The novelty of the approach is that, in contrast to prior schemes based on simple elections
(e.g., NAMA [132]) it provides channel-access delay guarantees. This scheduling is coupled with
a transaction-oriented reservation scheme for time slots, which is driven by the establishment of
routes to provide end-to-end delay guarantees.

The routing algorithm in STORM establishes and maintains loop-free flow-ordered routing
meshes from sources to unicast or multicast destinations. A flow-ordered routing mesh is a con-
nected component of the network formed with nodes that have the resources needed to establish a
channel access schedule that provides end-to-end guarantees to data flows. These routing meshes
also have the further advantage that they equip STORM with a fast and efficient way of repairing
routes because they contain extra paths that are ready to be used in case of a link break. This
helps diminishing the impact of node mobility over the quality of service perceived by real-time
flows. In addition, the routing algorithm establishes enclaves, which restrict the dissemination of
control information to those nodes that are likely to participate as forwarders of a given data flow.
The latter is crucial to augment the scalability of the protocol because, as the number of flows
increases, flooding the network with high-priority control packets becomes very costly. Our ap-
proach is based on our prior work on interest-driven routing [133], which we reported last year.
STORM is the first approach that establishes routing meshes with loop-free routes and bandwidth
reservations that guarantee end-to-end delays for unicast and multicast traffic.

We have carried out detailed simulation experiments to study the performance of STORM
and compare it with the performance of a traditional MANET protocol stack, which consists of
the IEEE 802.11 DCF for channel access working independently of the routing protocols used for
unicasting (AODV, OLSR) and multicasting (ODMRP). We used packet delivery ratio, generalized
group delivery ratio and end-to-end delay as our performance metrics. The generalized group
delivery ratio is a multicast-specific metric in which a data packet is considered as delivered, if and
only if it is received by at least a given proportion of the multicast group members. This metric
emphasizes the importance of group delivery by not considering packets that are received by a
small subset of the group members. For our comparisons we set a threshold of 80%.

We employed a combination of random waypoint and group mobility [?] models as our mo-
bility model. In our simulations, the members of a given multicast group move following the
group mobility model whereas nodes that do not belong to a multicast group move according to
the random waypoint mobility model. We believe that this combined mobility model depicts more
accurately common situations where the members of the same rescue team or military patrol tend
to move close by. We also believe that it will be common to find applications where these group or
team memberships are translated into multicast group memberships as a way to deliver information
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to that group of people or devices.
We used the discrete event simulator Qualnet version 3.9, that provides a realistic simulation

of the physical layer, and well tuned versions of ODMRP, AODV, OLSR and IEEE 802.11 DCF,
which we call “WiFi” for simplicity. Each simulation was run for ten different seed values. We set
the value of k of the k-extended enclave to one. All the multicast protocols use the same period of
three seconds to refresh their routing structures (join query period for ODMRP and announcement
periods for STORM). STORM’s frame size is set to 200 slots and each slot has a duration of 0.5
ms. For ODMRP, the forwarding group timeout was set to three times the value of the join query
period, as advised by its designers. Table. 1 lists the details of the simulation environment.

Table 1: Simulation Environment

Total nodes 100 Node placement Random
Simultaion area 1800× 1800m2 Simulation time 150s
Phy. Model 802.11b Tx. power 15dbm

Tx. Rate 11000000bps
Data source MCBR and CBR Pkts. per src. 1000
Mobility model Random waypoint Pause time 10s

Min.-Max. Vel. 1-10m/s
Mobility model Group mobility Node pause time 10s

Grp. pause time 10s
Grp. Min-Max Vel. 1-10m/s Node Min-Max Vel. 1-10m/s

Multicast Traffic: In this experiment, each MCBR source transmits 10 packets of 200 bytes
(which is the output size of the G.711 VoIP coder [?]) per second and the multicast group is
composed of 20 nodes that move around inside of a mobile square region of 900 × 900m. The
remaining 80 nodes moveqaz following the random waypoint mobility model. Sources are not
group members. For STORM simulations, one out of three sources is defined as real-time. For
instance, in a scenario with 6 MCBR sources, two of them are defined as real-time and the other
four are defined as elastic. The selection of the real-time sources is random.

Figs. 13(a-c) present results for a scenario where the number of MCBR sources is increased
from 6 to 24. In the figure, the graphs labeled as “STORM RT” present the average results taken
over the real-time flows only, the graphs labeled as “STORM elastic” present the average results
taken over the elastic flows only, and the graphs labeled “STORM elastic+RT” present the average
results taken over the totality of the flows.

Fig. 13(a) shows the delivery ratio attained by the protocols. We observe that STORM RT
clearly outperforms ODMRP+ WiFi for all the values of the number of MCBR sources. In partic-
ular, we notice that for 18 sources or more, STORM RT delivers 30% more packets than ODMRP.
On the other hand, for 6 sources ODMRP delivers more packets than STORM elastic+RT. How-
ever, as the number of sources increases, the delivery ratio of ODMRP drops faster and ends up
delivering 10% fewer packets than STORM elastic+RT, which is similar to the average number of
elastic packets delivered by STORM elastic.

For the case of group delivery ratio, Fig. 13(b) depicts a similar behavior. In this case, however,
ODMRP outperforms STORM elastic for all the values in the number of sources. The main reason
for this behavior is that elastic data packets are routed using a single path from sources to the
multicast destination. The latter is much less reliable than the mesh composed of multiple paths
used to route real-time packets.
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Fig. 13(c) shows the end-to-end delay attained by the protocols. Please note that the graphs are
plotted using logarithmic scale. STORM RT outperforms ODMRP+WiFi by attaining delays that
are two orders of magnitude lower for the case of 12 or more sources. Moreover, the delays attained
by STORM RT comply with the International Telecommunication Union (ITU) Recommendation
G.114 [134], which considers end-to-end delays between 0-150msec as acceptable for most user
voice applications. In contrast, the traditional MANET protocol stack incurs delays in the order of
seconds, which are unacceptable for voice.
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Figure 13: Performance with increasing number of MCBR sources.

The results obtained with STORM in these experiments can be explained by the fact that
STORM builds routing meshes over which traffic flows free of collisions from sources to desti-
nations, and these meshes are very resilient to changes in the topology and traffic loads, because
of the traffic management exercised by its queueing discipline. In contrast, with the traditional
MANET protocol stack based on WiFi, the probability of control packets colliding with other
packets increases with traffic load, and repeated collisions force real-time and elastic traffic to
back off. This is detrimental to real-time flows, but also impacts the behavior of the routing pro-
tocols operating independently on top of the channel access scheme. As traffic increases with the
number of sources, more links are perceived as failing and the routing protocols need to find new
routes, which induces even more traffic load due to the extra signaling overhead generated by the
routing protocols. In addition, the data-flow-driven reservation scheme implemented by STORM
allocates more bandwidth to the nodes that actually need it, namely, to those nodes that in a given
point in time are relaying data packets for one or more data flows. This bandwidth allocation strat-
egy helps reducing the number of packets dropped in the queues, as well as the queueing waiting
time, which is an important component of the end-to-end delay. The latter works in conjunction
with the end-to-end reservations and the flow-specific real-time queues to provide delays lower
than those of its contention-based counterpart.

Combined Traffic: This scenario focuses on combined multicast and unicast traffic. The num-
ber of multicast groups is increased from 1 to 6 with 3 concurrent active sources per multicast
group. As in the previous experiment, one of these sources is defined as real-time while the remain-
ing two are elastic, again, the selection of the real-time source is random. In these experiments,
sources are also group members. In addition to the multicast flows, we have five concurrent CBR
flows among nodes that are randomly selected from nodes that are not part of any multicast group.

28



1 1.5 2 2.5 3 3.5 4 4.5 5 5.5 6
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1
Groups of 15 nodes, 1 RT + 2 elastic src per grp, 5 RT ucast flows

Number of Concurrent Active Groups

D
el

iv
er

y 
R

at
io

STORM RT+elastic mcast
STORM RT mcast
STORM elastic mcast
STORM RT ucast
ODMRP with AODV
AODV with ODMRP
ODMRP with OLSR
OLSR with ODMRP

1 1.5 2 2.5 3 3.5 4 4.5 5 5.5 6
0.7

0.75

0.8

0.85

0.9

0.95

1
Groups of 15 nodes, 1 RT + 2 elastic src per grp, 5 RT ucast flows

Number of Concurrent Active Groups

G
ro

up
 D

el
iv

er
y 

R
at

io
 (8

0%
)

STORM RT+elastic
STORM RT
STORM elastic
ODMRP+AODV
ODMRP+OLSR

1 1.5 2 2.5 3 3.5 4 4.5 5 5.5 6
10

-2

10
-1

10
0

10
1

Groups of 15 nodes, 1 RT + 2 elastic src per grp, 5 RT ucast flows

Number of Concurrent Active Groups

Av
er

ag
e 

En
d-

to
-E

nd
 D

el
ay

 (S
ec

on
ds

)

 

 
STORM RT+elastic mcast
STORM RT mcast
STORM elastic mcast
STORM RT ucast
ODMRP with AODV
AODV with ODMRP
ODMRP with OLSR
OLSR with ODMRP

a) b) c)

Figure 14: Performance with increasing number of active groups, 3 MCBR sources per group,
group areas of 900× 900m and five unicast flows.

Multicast sources and CBR sources send a total of 1000 data packets of 200 bytes at a rate of 10
packets per second. For STORM, the five unicast flows are defined as real-time. As in the previous
experiment, group members follow the group mobility model with group regions of 900 × 900m,
whereas the remaining nodes move according to the random waypoint model.

Fig. 14(a) shows the packet delivery ratio attained by OLSR and AODV when they are running
in parallel with ODMRP as well as the delivery ratio attained by STORM. From the figure, we
notice that STORM multicast outperforms ODMRP even for the case of the elastic flows. The
figure also shows that STORM RT scales quite well as the number of multicast groups increases.
Regarding unicast routing, we observe that AODV performs similar to STORM when the network
has one and up to four multicast groups. However, as the number of multicast groups increases and
the network is more heavily loaded, STORM unicast clearly outperforms both OLSR and AODV
by delivering more than twice as many packets as OLSR does, and around 25% more packets than
AODV does. Fig. 14(a) also shows how costly is for the unicast protocols to run in parallel with
an independent multicast routing protocol. In contrast, STORM uses the same control signaling
for unicast and multicast routing.

The group delivery ratio is shown at Fig. 14(b). In terms of this metric, STORM performs
similar to ODMRP for elastic traffic. However, the group delivery ratio attained by STORM is
10% higher than that of ODMRP for real-time traffic. Fig. 14(c) shows the end-to-end delay
attained by the different protocols. The figure shows that, as the number of sources increases, the
average delay of STORM unicast is an order of magnitude smaller than that of AODV, which is
an order of magnitude smaller than the one attained by OLSR. As in the previous experiments, the
delays attained by STORM unicast comply with the G.114 recommendation of the ITU-T. We also
notice that, contrasting with the experiments of the previous section, the delay of STORM multicast
for elastic data packets is higher than the one in ODMRP. The latter is caused by an increase in
the number of high-priority control packets which is a function of the number of multicast groups.
In addition, due to the group mobility, it is common to observe long-lasting spatial overlapping
among different multicast groups which leads to race conditions where some nodes located at
these regions are not able to make reservations over the adequate slots.

The results show that STORM outperforms the traditional approach for elastic traffic, and that it
attains end-to-end delays that comply with the ITU recommendations for voice applications [134],
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even in the presence of a highly loaded network.

2.5.7 Routing in Disrupted Environments

We developed a novel approach for using mobility to aid routing decisions in networked envi-
ronments prone to connectivity disruptions. Trajectory-Assisted ROuTing, or TAROT, is a DTN
routing framework that detects and extracts structure in node movement in real-time. TAROT is
motivated by the postulate that mobility, in particular human mobility such as vehicles, is seldom
random and thus exhibts recognizable patterns. TAROT’s mobility pattern extraction capabilities
transcends current solutions that rely on abbre- viated (in some cases, instantaneous) snapshots of
mobility history. In its current implementation, TAROT uses a “controlled” epidemic routing ap-
proach in which nodes will only “be infected” with a message if their mobility pattern takes them
closer to the destination. Using the QualNet network simulator we run a side-by-side compari-
son against Epidemic Routing under a variety of mobility and workload scenarios and show that
TAROT is able to match Epidemic Routing’s high data delivery guarantees at substantially reduced
overhead (over 60% in some of our experiments).

We are building SCORPION (Santa Cruz mObile Radio Platform for Indoor and Outdoor Net-
works), a heterogeneous wireless networking testbed that includes a variety of nodes ranging from
ground– to autonomous aerial vehicles. The purpose of SCORPION is to serve as a realistic plat-
form where wireless networking protocols can be tested using a variety of mobile platforms.

The testbed currently has four airplane nodes, four helicopter nodes, 20 iRobot Create nodes, 40
briefcase nodes, and 40 bus nodes (20 of which now equip UCSC’s campus transportation system
vehicles). The iRobot Create nodes are equipped to carry briefcase nodes, allowing for a total
of 88 nodes to be active at any one time during testbed operation. Each node has the capability
to communicate with every other node in the testbed (bus to bus, bus to airplane, helicopter to
briefcase, etc.).

An integral component of SCORPION is its management suite which automates node configu-
ration, monitoring, trouble-shooting, and testbed scheduling. The testbed is unique due to its node
heterogeneity and consequently wide range of mobility scenarios that try to closely model real-
world situations (e.g., applications that are prone to frequent, long-lived connectivity disruptions).
SCORPION’s distinct set of varying node mobility types allows for thorough testing of wireless
network protocols and systems under realistic condittions.

2.5.8 Incorporating Physical-Layer Effects in the Analytical Modeling of MAC Protocols

The vast majority of analytical models for medium access control (MAC) protocols (e.g., see [135,
136]) have assumed an ideal physical-layer model, in which nodes within a given transmission
range receive packets with probability 1 if there are no other concurrent transmissions, and packet
transmissions fail with probability 1 if there are any concurrent transmissions. This, of course, is
not realistic in most practical situations, especially in mobile ad hoc networks (MANETs), where
a packet can be successfully received when the received power is larger than a given threshold,
the received power levels may show significant variations around a mean power, and even in the
presence of multiple access interference (MAI) caused by concurrent transmissions, receivers can
decode packets with probability less than 1. The decoding probability together with MAC protocol
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behavior determine the performance of MAC protocols in MANETs.
In reality, the received signal is a combination of many replicas arriving over multiple paths

between the transmitter and receiver. The signal on these different paths can interfere with each
other constructively or destructively; this multi-path effect causes the received signal and power
to become variables of space. Especially, if the transmitter or the receiver moves, channel fad-
ing causes the received signal and power to become variables of time as well. In addition to
above propagation impairments caused by imperfect channel conditions, noise and MAI caused
by other concurrent transmissions also impact the probability of correct packet reception. Many
MAC protocols employ carrier sensing to mitigate MAI by listening channel status before packet
transmissions. As a result, a node transmission probability depends on the channel conditions and
is different in carrier-sensing MAC protocols than in MAC protocols without carrier sensing.

While the importance of the physical-layer effects on the performance of MANETs is well
recognized, most prior analytical models of MAC protocols operating in MANETs avoid their
characterization for the sake of simplicity. For example, Carvalho et al. [137] use linear approx-
imations for the relationship among probabilities of the channel being busy, a node transmitting,
and a packet being received successfully, and do not account explicitly for the effect that network
density, node mobility and other physical-layer factors have on the performance of MAC protocols.

A few works have attempted to analyze those realistic physical layer factors and incorporate
their effect in the modeling of MAC protocols. Pham et al. [138, 139] have tried to take imperfect
channel conditions into consideration; however, they only analyze IEEE 802.11 DCF and assume
only one specific channel condition, namely Rayleigh channel fading. In addition, they assume
that a transmission fails if more than one packet is transmitted concurrently, while in reality a suc-
cessful packet reception is determined by the signal to interference plus noise ratio (SINR). Zheng
et al. [140] generalized the effect of imperfect channel conditions by making the strong assumption
that bits are transmitted with a fixed error probability, which provides a wider application area for
the model; however, their assumption is also not practical, because there are many network pa-
rameters in MANETs that can impact the packet reception probability, such as traffic rate, network
density, and mobility.

During the past year, we have analyzed the effect of imperfect channel conditions and multiple
access interference, and started developing a generalized, parameterized framework for represent-
ing the interaction between the physical (PHY) and MAC layers. The focus in this work is not
in providing an exact representation of specific MAC protocols. Rather, we model generic MAC
protocols in which either an efficient interference prevention scheme is employed or not, and ex-
tract common properties of those protocols. Our model is a two-tier Markovian model framework
to capture the effect of the physical layer on the performance of MAC protocols operating in
MANETs. A generic Markovian channel state model was proposed to model channel conditions
into “Good” and “Bad” states. Noise and other concurrent transmissions (i.e., interference) are
taken into account, which makes our model very comprehensive. This channel state model is em-
bedded into the modeling of MAC protocols. We validated our analytical model by comparing its
results on throughput with those obtained through simulations. We have taken two well known
examples of two types of MAC protocols, namely IEEE 802.11 DCf and Aloha, and verified the
correctness of our models. The results show that our analytical model works very well in rep-
resenting dynamic channel-fading and interference effects on the performance of MAC protocols
operating in MANETs. A paper describing this work is currently under review.
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2.5.9 Cross-Layer Channel Allocation that Embraces Concurrency

Orthogonal Frequency Division Multiplexing (OFDM) has been adopted by the IEEE 802.11a,
digital video broadcasting (DVB) [142] and IEEE 802.16 [143] standards. Orthogonal Frequency
Division Multiple Access (OFDMA) has been selected for use in multi-user environments (e.g.,
IEEE 802.16 [143] and DVB [142]) employing OFDM technology due to its ability to combat the
multipath effects of wireless channels, and to facilitate the concurrency of transmissions. In OFDM
systems, subcarriers or tones are orthogonal carriers of lower-rate input data streams that result in
mitigating multipath effects. In OFDMA, a group of non-overlapping subcarriers called subchan-
nels can be assigned to each user, thus enabling simultaneous data transmission and intelligent
assignment of subchannels based on fading that results in multiuser diversity.

Previous work focusing on infrastructure-based networks [144, 145, 146, 147] have shown that
multiuser diversity greatly increases network capacity. These schemes focus on fast heuristics for
centralized scheduling. However, no comprehensive medium access control (MAC) protocol has
been reported that exploits OFDMA multiuser diversity at the physical layer in ad hoc networks.

Previous MAC protocols utilize orthogonal multichannel networks, CDMA, MIMO (spatial di-
versity), network coding and multiple radios to embrace concurrency and to make wireless network
scale.

Many multichannel FDMA MAC protocols have been proposed in the past [148, 149], where
the entire spectrum is divided into orthogonal channels, and nodes switch between such channels
to enable concurrent data transmissions. MAC protocols based on TDMA operate with nodes
utilizing the entire spectrum over different time slots. The drawback of these protocols is the
requirement of network-wide time synchronization, the difficulty in providing adaptive channel
allocation, and no concurrency of transmissions around receivers. CDMA-based MAC protocols
enable concurrent transmission of data over wider spectrum by multiplying transmitted signal with
a unique code specified for that transmission. However, the drawback of this approach is its vul-
nerability to the multipath fading effects of the wireless channel, the need for complex equalization
techniques, and the inability to provide concurrency in the transmission of multiple packets by the
same node.

Recent results have demonstrated that the capacity of wireless ad hoc networks can signifi-
cantly improve if nodes are endowed with multiple interfaces/radios in the presence of multiple
non-overlapping channels [150]. Given that it is not realistic to utilize as many radios as the
number of non-overlapping channels that may be available in a network, channel assignment and
medium access is an even more challenging problem in such networks [151, 152]. In addition,
because radios need to switch from one channel to another, channel-switching delays constitute
another obstacle to attaining good performance in a multi-channel network. For instance, the work
presented by Shim et al. [153] called MM-MAC uses handshake negotiation for random access
MAC in a similar manner as MMAC [149], when each interface negotiates (exchange RTS/CTS
control messages) for its own assigned channels.

The adoption of OFDMA in ad hoc networks has been explored by a few recent works [154,
155, 156, 157]. These schemes either focus on resource allocation algorithms in terms of power,
bit, and subcarriers in the time domain, and do not provide a solution for random access MAC
for OFDMA-based ad hoc networks or do not exploit multiuser diversity. Scheduling in time and
frequency for mesh networks where routers are responsible for channel assignment is discussed in
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[158]. The authors of [159] on the other hand try to adapt OFDMA in 802.11 networks to achieve
multi-user diversity.

In summary, previous cross-layer MAC protocols for ad hoc networks fail to adapt OFDMA
at the physical layer and fully exploit its advantages in terms of multiuser diversity. During the
past year, we have designed a new cross-layer channel allocation approach for OFDMA ad hoc
networks. To enable the use of OFDMA in ad hoc networks, we group subcarriers into non-
overlapping subchannels while each common transmitter or common receiver utilizes the subcar-
rier within the assigned subchannels for concurrent transmissions. We address the issue of sub-
channel assignment to avoid MAI, and also provide a subcarrier assignment algorithm within each
subchannel to exploit multi-user diversity when multiple transmitters send to a single receiver or a
single transmitter sends to multiple receivers. We also address the synchronization restrictions of
OFDMA as well as the requirement of channel state information at the transmitters and receivers
with minimum control message exchange. The goal is to achieve maximum multi-user diversity
and fair resource allocation to maximize channel throughput in ad hoc networks. Analytical and
simulation results are presented to show the throughput advantages of our technique compared to
traditional MAC protocols based on contention-based avoidance of MAI.

2.5.10 Channel Access Using Predictable Behavior

We are developing a schedule-based medium access control (MAC) framework that schedules
transmissions based on predictable traffic behavior.

As new physical layer technology is delivering higher raw data rates, the fundamental limits
challenging development and deployment of high data-rate, QoS-sensitive applications are mov-
ing to the MAC layer. Consequently, it is important to design efficient MAC techniques that will
“expose” the underlying PHY’s high data rates to the applications while meeting their QoS require-
ments such as low delay and/or low delay jitter. Mainly due to their simplicity, contention-based
approaches to medium access have been widely employed; however, they exhibit low channel– and
energy efficiency. By eliminating collisions and enabling effective sleep-scheduling, schedule-
based solutions, on the other hand, are able to considerably improve both channel– and energy
efficiency. However, in dynamic–, traffic-adaptive approaches, scheduling introduces extra delay
in delivering data due to the need to establish schedules in response to application traffic. In this
paper, we explore a novel approach to schedule-based medium access that aims at retaining the
channel and energy efficiency of scheduling while alleviating the delay it incurs. The main idea
is to use traffic forecasting to anticipate transmission schedules instead of establishing them reac-
tively. We show the potential performance benefits traffic forecasting can bring to schedule-based
medium access in the context of an existing MAC protocol called DYNAMMA. Preliminary results
using a machine-learning based traffic forecasting technique are also presented.

2.5.11 Improving End-to-End Transport with Learning

We are investigating novel techniques for TCP’s retransmission timeout computation using a machine-
learning approach. More specifically, we are investigating the use of a machine learning framework
to compute TCP’s RTT and set its Retransmission Time Out (RTO) more accurately to avoid idle
waits and unnecessary retransmissions.
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Jacobson’s algorithm, the one employed by most of the current TCP implementations, uses a
moving average to calculate a smoothed value of the RTT. Our machine learning approach, the
Experts Framework, uses a set of “experts” (values likely to occur) and a set of weight for each
value that determines how much each value is going to impact the final RTT prediction. The set
of weights is updated after every RTT measurement and a new prediction is computed. Prelimi-
nary tests reveal promising results. We show that our approach is more accurate in predicting the
RTT than Jacobson’s algorithm, specially under heavy traffic which causes more RTT fluctuations.
Moreover, the proposed machine learning algorithm is able to adapt very quickly to changes in the
RTT. Our preliminary results show a considerable increase in throughput for the wireless mobile
scenarios studied so far and a significant reduction in the number of retransmitted packets, while
maintaining, or in some cases slightly increasing delivery ratio.

2.6 University of Illinois at Urbana-Champaign
(Nitin Vaidya)

2.6.1 Scheduling in Wireless Networks

Significant research effort has been directed towards the design and performance analysis of imper-
fect scheduling policies for wireless networks. These imperfect schedulers are of interest despite
being sub-optimal, as they allow for more tractable implementation at the expense of some loss
in performance. However much of this prior work takes a uniform scaling approach to analyz-
ing scheduling performance, whereby the performance of a scheduling policy is characterized in
terms of a single scalar quantity, the efficiency-ratio. While suitable for characterizing worst-case
performance, this approach limits one’s ability to understand the different extents of performance
degradation that may be experienced by different links in a network. Such an understanding is
very valuable when average performance is of greater interest than the worst-case, or when certain
links are more important than others. With this motivation, we investigated the issue of obtaining
non-uniform performance guarantees for maximal schedulers, whereby the performance of an im-
perfect maximal scheduler is characterized by an efficiency-vector rather than a scalar efficiency-
ratio [167]. On approaching scheduler design with non-uniform performance guarantees in mind,
we found that simple modifications to well-known scheduling algorithms can yield substantially
improved non-uniform scaling results compared to the original algorithms. Specifically, we pro-
posed a variant to the well-known maximal scheduler with thresholds where links have priority
based on their interference degree, and also a variant of the centralized greedy maximal sched-
uler which uses modified weights. We derived results for the efficiency-vector achievable with
these schedulers. We also obtained a result for the efficiency-vector achievable using an arbitrary
priority-based maximal scheduler with thresholds.

In addition to the above, we also investigated performance guarantees achievable with hybrid
TDMA-maximal schedulers [168]. A hybrid TDMA-maximal scheduler is one in which each
scheduling slot is divided into m sub-slots where m is at least as large as the chromatic number of
the network interference graph. Each link is assigned a sub-slot leading to a conflict-free schedule
(corresponding to a coloring of the interference graph), and has priority in this sub-slot. In each
sub-slot, first the priority links are scheduled, and then a maximal schedule is computed over the
residual eligible links that are still unblocked. Intuitively, such a hybrid scheduler can improve
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on the worst-case performance seen by a link while reducing the possibility of under-utilization
due to static pre-allocation of slots, and it is similar in spirit to hybrid TDMA-CSMA protocols
proposed in the literature. We have obtained a result for efficiency ratio attainable by such a hybrid
scheduler.

Protocols for Multi-Channel Wireless Networks We also continued some of our previous re-
search in algorithms and protocols for multi-channel wireless networks [169]. Earlier, we had de-
signed a channel and interface management protocol for heterogeneous multi-channel multi-radio
networks, and evaluated this via simulation. We made some improvements to the protocol design
to allow for effective operation in the presence of a rate-control algorithm, and also extended the
simulations to cover this case. The simulation code has been made available for download.

2.6.2 Opportunistic Carrier Prediction for Wireless Networks

In our work, we have developed an Opportunistic Carrier Prediction (OCP) scheme that jointly
addresses exposed terminal and hidden terminal problems in wireless networks [170]. OCP is
based on the rationale that past interference information can be a good indicator for the outcome
of future packet delivery. Therefore, each OCP sender maintains a summary of past interference
information and opportunistically accesses the channel when it is confident that the packet trans-
mission will be successful and cause no collision to other flows. To realize OCP, we proposed (1)
a novel data structure for each sender to summarize the interference information and (2) a phys-
ical layer preemptive decoding scheme for each sender to collect the identities of the interferers.
Through simulation-based evaluation, we show that OCP can improve the system throughput by up
to 170%, packet delivery success ratio by up to 400% in random topologies, while almost removing
starvation in many settings.

2.7 University of Maryland
(Anthony Ephremides)

During this year we focused primarily on the scheduling problem. The view we have adopted
is that scheduling is the basic, fundamental, and ”sine qua non” of operating an ad hoc wireless
network. We define it to consist of the following questions: at each time, who transmits what to
whom. This definition corresponds to a layerless view of networking (as opposed to a ”cross-layer”
view); the difference is that in cross-layering we take advantage of the couplings among the control
parameters that reside at different layers but treat each layer separately. In the layerless formulation
we attack simultaneously the issues that reside at the three bottom layers of the protocol stack.
Thus, the question who refers to the MAC protocol, the question what refers to flow management
but also on the rate and power (which are traditional physical layer variables), and, finally, to
whom refers to routing. Our prior work on Network Coding and Cooperative techniques at the
Network Level, on which we reported in previous years, have introduced to some degree this
layerless philosophy. In the Scheduling problem, however, the union of the layers is exemplified
best. We have considered both unicasting and multicasting and obtained a characterization of
optimal schedule solutions. The solution in the general case involves a combinatorial component
that causes an exploding complexity with size. So, what we have done is, instead of developing
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heuristics, to limit the search space and find the true optimal solution within the restricte dcontrol
space. In addition to the analytical tractability of this approach, valuable insights can be obtained
from the nature of the solution. The main findings are as follows:

• When we simply compare TDMA-like separate activation of links against simultaneous
global activation, the solution is of a threshold type that can be fully characterized.

• When we superpose the fact that channel states are not perfectly known but only estimated
(and decisions are based on the estimated values), we proved that the optimal solution is
robust in the sense that even in the presence of inaccurate estimates, the optimal algorithm
is to use the estimated states as the true ones. Of course the performance degrades with the
degree of inaccuracy but the solution shows a strong robustness

• We formulated the problem of scheduling under a variety of performance criteria that include
sum-throughput, proportional fairness, and others. We also formulated a scheduling version
for emptying a network from an initial loading in minimum time and characterized the so-
lution. The implication in this formulation is that it can address non-stationary/non-ergodic
environments through the use of dynamic programming and stochastic control methods.

• We extended the formulation to the multicasting case where the new issue has to do with
what throughput really is in the case of multiple destinations (i.e. a distinction is made
between source-oriented versus receiver-oriented throughput. Our future plans are to expand
this layerless approach and integrate our scheduling results with cooperative techniques and
network coding.

Below we develop in some detail one of our approaches to the scheduling problem.

2.7.1 Model

We consider a set of single-hop, wireless multicast links from T sources to D destination as shown
in Fig. 15, that operate in slotted time. Let T and D be the sets of sources and destinations in the
network respectively. Each source k ∈ T multicasts at a common rate (single rate multicast) to a set
of destinations D(k) ⊆ D. The pair (k,D(k)) is called a multicast session. Note that this model is
general enough to account for the special cases of unicast (|D(k)| = 1) and broadcast (|D(k)| = D)
traffic, where |D(k)| denotes the cardinality of set D(k). We assume that a destination d ∈ D can
be a member of more than one multicast session, i.e., for multicast sources j, k ∈ T , it is possible
that D(k) ∩ D(j) 6= ∅. In this work we assume that each source has a saturated buffer with
unlimited reservoir of data traffic; that is we do not consider the case of stable throughput, finite
delays, or bursty traffic.

Let Pn(k) represent the transmission power of source k at time slot n. The variable Pn(k) is
assumed to take two possible values, namely Pmax

k (when source k is activated) and 0 (when it
remains silent). We denote by Pn the T -dimensional vector of transmission powers at time slot
n, i.e., Pn = (Pn(k), k ∈ T ). We also denote with N(d) the noise power level at destination
d ∈ D. Although we restrict our attention to single-hop networks, our model can be used to
address the scheduling and rate control problem in full-fledged multi-hop networks under fixed
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Figure 15: A single-hop network of T multicast sources and D destinations.

routing. However, we do not consider this extension in this paper. Moreover, we assume that the
channel conditions between every source and destination in the network do not vary with time and
are due to pure path loss2. Hence, we denote by G(i, j) the path loss between every source i ∈ T
and destination j ∈ D.

In our model we employ the Signal to Interference plus Noise Ratio (SINR) criterion to deter-
mine the outcome of a transmission. Specifically, we say that a transmission from a source to an
intended destination is successful if the SINR at the destination exceeds a specified threshold. This
model is approximate in that it assumes a large number of interfering signals so that the total in-
terference behaves as a Gaussian random variable. This is commonly assumed in problems of rate
control and is a widely used criterion. The SINR threshold depends on various communication-
related parameters, such as the transmission rate, the modulation type, the coding technique, the
target bit error probability, etc. In this work, we only consider the dependence of the SINR thresh-
old on the rate of the transmission, and assume the rest of the parameters affecting it to be fixed.

In the case of multicasting successfully the same message to a set of destination nodes the
SINR criterion has to be satisfied at each one of them. Let γn,d(r) be the threshold at time slot n at
destination d ∈ D that corresponds to successful transmission at a rate r. We will say that at time
slot n a source k multicasts successfully at a common rate r to all its intended destinations D(k) in
its multicast group, if the SINR at each destination d ∈ D(k) exceeds the corresponding threshold,
i.e., if it is true that

Pn(k)G(k, d)

N(d) +
∑

j∈T ,j 6=k Pn(j)G(j, d)
≥ γn,d(r), ∀d ∈ D(k). (1)

We consider a centralized controller that can use channel information among all sources and all
destinations to take decisions. Centralized solutions are valuable since they provide upper bounds

2We studied the problem of joint scheduling and rate control for time-varying links under the objective of propor-
tional fairness, and furthermore, under a broader utility optimization framework, in [1].
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that serve as a yardstick on the achievable performance. However, for implementation in real
network environments, one needs to reside to decentralized algorithms. In order to decentralize the
scheduling solutions more bandwidth is required and additional communication delays between the
network entities are introduced. One possible approach to obtaining decentralized algorithms is to
assume that, in order to decide its transmission rate, each source computes its received interference
based only on the interference from other sources in its vicinity. Since simultaneous transmissions
by all the sources in the network, not only the “neighboring” ones, interfere among each other,
such an approach is only approximate. In general, decentralization is a difficult task of paramount
importance that should be addressed in future works. Nevertheless, this is beyond the scope of this
paper.

In our model we consider destinations with multi-packet reception (MPR) capabilities. Each
destination is equipped with a detector that has multiple matched filters so that it can receive
successfully from multiple sources at any given time as long as the corresponding SINR from each
one of them exceeds the required threshold. If the SINR threshold is not exceeded at all intended
destinations, we do not assume the transmission successful.

It is well-known that the transmission rate is an increasing function of the SINR threshold [2].
Hence, by lowering the transmission rate, the corresponding value of the threshold decreases, and
thus more transmissions can jointly satisfy the condition of (1). On the other hand, by increasing
the transmission rate, the SINR threshold increases, and therefore, the number of sources that
can concurrently access the channel successfully decreases. There exist 2T − 1 possible subsets of
sources that can be activated at any given time, each corresponding to different threshold selections.
These amount to all the possible ways of activating at least one out of the T sources. For a given
activation, the transmission rates of the active sources are set to the highest possible rates satisfying
the condition that the SINR values at all respective destinations exceed the thresholds associated
with that rate. Consequently, there exist 2T − 1 possible scheduling and rate control decisions
that we will call actions for simplicity. Let us denote by A the set of all possible actions, i.e.,
|A| = 2T − 1. The optimal rates at which the multicast sources should operate at any given time
depend on the adopted performance objective and on the link channel conditions.

We denote by rj
k the instantaneous rate at which source k ∈ T transmits to all of the destina-

tions D(k) in its multicast session, under Action j ∈ A. Since we consider single-rate multicast,
the rate of source k is equal to the rate of every destination d in its multicast group, i.e., d ∈ D(k).
Thus, we can characterize the rate of each destination d ∈ D(k) through the transmission rate of
its corresponding source. Let π = (π0, . . . , π|A|−1) denote a probability distribution over the set
of all possible rate control and scheduling actions in A. That is, we randomize the policy decision
so that in every slot Action j is taken with probability πj . This formulation by-passes one aspect
of combinatorial complexity that arises when we associate each action in a deterministic way with
each slot. We assume that such probability distribution exists, e.g., by requiring ergodicity on the
action selection. Since a source is not activated at the same rate in every slot, we define the effective
rate rk(π) of source k ∈ T to be the average rate over the action distribution π, i.e.,

rk(π) =
∑
j∈A

rj
kπj.

Although in a unicast transmission there is no ambiguity regarding how to define through-
put, this is not the case for multicasting where throughput can be measured both in terms of the
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transmission rate as well as with respect to the received rate. Defining throughput in terms of the
transmission rate of a multicast source would give two sources operating at the same rate equal
weights, regardless of the number of destinations to which each of them transmits. In this paper
we define throughput as the overall traffic that reaches all the destinations of a multicast session.
Thus, for any two multicast sources that operate at equal rates, the source that has a higher number
of destinations is assumed to contribute more in terms of throughput. In other words, our criterion
is the received throughput which reflects the number of destinations in the multicast group.

2.7.2 Total throughput maximization

In this section we obtain a scheduling and rate control policy that maximizes the total (sum)
throughput of the network. This maximization problem can be posed as follows:

max
π

∑
k∈T

|D(k)|rk(π) (2)

s.t.
πj ≥ 0, j ∈ A, (3)∑
j∈A

πj = 1. (4)

We call the above problem described by (2)-(4) Problem I. Consider also the closely associated
surrogate problem called Problem II defined as

max
j∈A

∑
k∈T

|D(k)|rj
k. (5)

The following proposition shows how these two problems relate.

Proposition 1 LetA? ⊆ A denote the set of actions solving Problem II defined in (5). The optimal
probability assignment solving Problem I defined in (2)-(4) satisfies

∑
j∈A? πj = 1.

This proposition says that the set of scheduling actions that are assigned a non-zero probability are
those that maximize the total received rate in (5). If there is a unique such scheduling action it will
be used always with probability one. If there exist more than one such action, then they can be
assigned a probability distribution arbitrarily. In fact, it suffices that only one of them is used at all
times and is assigned probability equal to one.

Note that although the problem in (5) is a linear program, characterizing the setA? is a difficult
task. This is because finding the maximizer(s) action(s) involves evaluation of the sum throughput
achieved by each element in the set A, which is a set that grows exponentially in the number of
multicast sources.

Consequently, in what follows, we consider a suboptimal solution by restricting the set of
feasible scheduling actions and finding the optimal scheduling policy of this reduced problem.
Instead of considering all possible ways with which the multicast sources can be scheduled, we
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consider only the actions obtained by two simple schemes. Specifically, these actions include (i)
the simultaneous activation of all T multicast sources operating successfully and at instantaneous
rates that ensure all SINR threshold inequalities are satisfied (we call this operation “all-at-once”
or “Action 0”) and (ii) the individual activation of each source separately, as in TDMA (we call this
operation “one-at-a-time” or “Action k” when source k is activated). Clearly, under Action k the
instantaneous rate is the maximum possible rate that permits the SINR for the given transmission
power to exceed the corresponding threshold at each destination d ∈ D(k). However, since this
source is not transmitting at all times its rate on the average can be much lower. The above two
modes of operation yield a total of T + 1 actions, as shown in Fig. 16.

Restricting attention to these two modes of operation is somewhat natural since it permits
comparison between two extreme cases, namely the cases of operation “all-at-once” and “one-at-
a-time”. Although under Action 0 all sources operate concurrently, their individual rates will likely
be low so that the SINR criterion is satisfied under the heavy interference that occurs when they all
transmit at the fixed power levels3. On the other hand, although under Action k the instantaneous
rate of the kth source will likely be much higher (than the corresponding rate under concurrent
operation), its rate on the average may be much lower due to the effect of time sharing. Although
this represents a severe restriction of the action space, it is expected to provide an insight into
the trade-off between concurrent and individual activation. The optimal solution to the restricted
problem is the following:

Corollary 1 The optimal solution to Problem I defined in (2)-(4) when the set A is restricted to
contain only the actions of operation “all-at-once” and “one-at-a-time”, i.e., A = {0, 1, . . . , T}
is the following: Find the multicast source that maximizes the overall instantaneous received rate
under operation “one-at-a-time”, i.e.,

k? = arg max
k∈T

|D(k)|rk
k .

We have that if

|D(k?)|rk?

k? ≥
∑
k∈T

|D(k)|r0
k,

then the multicast source k? (Action k?) is selected to operate at all times individually, otherwise
all multicast sources (Action 0) operate concurrently.

Note that by restricting attention to only these two schemes the scheduling problem under the
objective of sum throughput maximization is significantly simplified and becomes polynomial in
the number of the network sources (instead of exponential). Furthermore, if larger portions of the
state space had been used the nature of the approach would remain the same. However, we would
expect an improvement in the sub-optimality of the solution. At the same time, this improvement
would increase also the complexity of solving this problem. Thus, by considering this simplified
version of the problem we are able to build insights on how the optimal solution is affected by the
current channel conditions.

3Note that we do not consider power control here.
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It is clear that optimizing the sum throughput of the network leads to an efficient utilization
of the network resources since the network sends traffic at the maximum rate that it can support.
Nevertheless, it can lead to serious unfairness among the sources since the optimal action set may
totally exclude sources with poor channel conditions, prohibiting them from accessing the channel.
In the next section, we consider the utility of proportional fairness [3] which has been widely used
as a performance metric in wireless networks, as it provides a good compromise between efficiency
and fairness [4].

2.7.3 Proportional fairness

In this section we focus on the objective of proportional fairness. Consider a rate vector r =
(rk, k ∈ D) of reception rates at each destination. The vector r is said to be proportionally fair if
for any other feasible rate vector r′ = (r′k, k ∈ D) it is true that∑

k∈D

r′k − rk

rk

≤ 0.

Recall that rj
k is the instantaneous transmission rate of source k under Action j. We are interested

in obtaining an optimal probability distribution so that the effective rates of each destination d ∈ D
are assigned in a proportionally fair way. It was shown in [3] that the objective of proportional
fairness is equivalent to maximizing the sum of the logarithms of the user rates over all the feasible
rate vectors. Since the multicast transmissions we consider are single rate multicast, it follows that
any source k ∈ T all its destinations d ∈ D(k) receive at the same rate. Thus, we can write this
utility maximization problem with respect to the feasible transmission rates of the sources. This
can be expressed as a convex optimization problem as follows:

max
π

∑
k∈T

|D(k)| log
(
rk(π)

)
s.t.

πj ≥ 0, ∀ j ∈ A,∑
j∈A

πj = 1,

where πj is the probability that in a given slot Action j is chosen. Although this is a convex
problem, the number of possible actions, and hence constraints, increases exponentially in the
number of multicast sources. Therefore, although, when the number of sources in the network is
sufficiently small, it can be solved numerically (for example, through interior-point methods [5]),
in general computing the optimal solution analytically is infeasible.

Consequently, in what follows, we restrict our attention to the aforementioned schemes of op-
eration “all-at-once” and “one-at-a-time”. Instead of computing the optimal solution with respect
to all exponentially many rate control and scheduling decisions, we will find the optimal solution
of this restricted problem. This will significantly simplify the scheduling policy and render the
problem polynomial. Again, since by reducing the set of actions from 2T − 1 to T + 1 the re-
striction in the action space is significant, we do not hope for optimality. Still, we expect to obtain
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Figure 16: The T + 1 possible actions obtained by either scheduling T sources one-by-one or by
allowing all the sources to transmit simultaneously. The rate of source k under Action j is denoted
by rj

k.

intuition about which of these “extreme” modes of operation is preferable depending on the cur-
rent channel conditions. Let π̃ be a probability distribution over the restricted set of actions, i.e.,
π̃ = (π̃0, π̃1, . . . , π̃T ). Next, we find the optimal proportionally fair probability distribution over
the aforementioned restricted set of actions by solving the following problem:

max
π̃

∑
k∈T

|D(k)| log(π̃0r
0
k + π̃kr

k
k) (6)

s.t.

π̃j ≥ 0, ∀ j ∈ {0, 1, . . . , T}, (7)
T∑

j=0

π̃j = 1. (8)

Before we characterize the optimal policy solving (6)-(8), we provide some useful definitions.
Let J be a subset of the set T , such that for every j ∈ J it is true that π̃j > 0. Also, let the
complement J c of the set J be a set such that for every i ∈ J c it follows that π̃i = 0, i.e.,
J c = T \ J .

Proposition 2 Let π̃? = (π̃?
0, . . . , π̃

?
T ) denote the solution to (6)-(8) above. Then we have:

1. If ∑
k∈T

r0
k

rk
k

≤ 1,

each multicast source k ∈ T is scheduled to transmit individually with probability

π̃?
k =

|D(k)|∑
j∈T |D(j)|

, ∀k ∈ T ,
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and the probability of concurrent operation satisfies π̃?
0 = 0.

2. If ∑
k∈T

r0
k

rk
k

> 1,

the optimal policy is of a threshold type with threshold R(J ) given by

R(J ) =
1−

∑
j∈J r

0
j/r

j
j∑

m∈J c |D(m)|
. (9)

Specifically:

(a) A multicast source j ∈ T is scheduled to transmit individually with probability π̃?
j > 0

(i.e., j is activated individually and belongs to J ) given by

π̃?
j =
|D(j)| −

∑
i∈J c |D(i)| r0

j /rj
j

1−
P

j∈J r0
j /rj

j∑
k∈T |D(k)|

, (10)

if and only if

r0
j

|D(j)|rj
j

< R(J ). (11)

(b) All sources operate concurrently with probability π̃?
0 given by

π̃?
0 =

∑
m ∈J c |D(m)|(∑

k∈T |D(k)|
) (

1−
∑

j∈J r
0
j/r

j
j

) . (12)

The quantity
∑

k∈T
r0
k

rk
k

determines, in a sense, the relative degree of interference in the network.
Clearly, for any source the instantaneous rate under concurrent operation is no greater than its
corresponding rate under individual transmission. If it is also true that

∑
k∈T

r0
k

rk
k
≤ 1, then the

sources interfere among themselves sufficiently, so that their corresponding rates under concurrent
operation are much lower than the corresponding rates under individual operation. Hence, when∑

k∈T
r0
k

rk
k
≤ 1, the optimal policy would never activate all sources concurrently (π̃0 = 0); instead

the optimal scheduling and rate control solution is to activate a single source at a time as in a
TDMA fashion. On the other hand, if

∑
k∈T

r0
k

rk
k
> 1, the interference among the sources when they

concurrently transmit is not so severe, and hence, the individual rates under concurrent operation
result in levels that are “comparable” to those achieved under individual operation. Thus, the
optimal policy assigns a positive probability to Action 0.

Proposition 2 characterizes the optimal solution based on the threshold function R(J ) which
itself is a function of the set J . Hence, in order to completely characterize the optimal policy we
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need to characterize the composition of J . Note that since the optimal policy is of threshold type,
the cardinality |J | of the “individually activated” set suffices to completely determine the set J
itself, provided we label the sources appropriately. To simplify the notation in the sequel we will
write R(j) to denote {R(J ) : |J | = j}.

Let us reorder the multicast sessions with respect to their corresponding values of the ratios
r0
j/
(
|D(j)|rj

j

)
, j ∈ T in increasing order, i.e.,

r̃0
1

|D̃(1)|r̃1
1

≤ r̃0
2

|D̃(2)|r̃2
2

≤ . . . ≤ r̃0
T

|D̃(T )|r̃T
T

, (13)

where the rates r̃0
j , r̃j

j , and the set of destinations D̃(j) denote the quantities r0
j , rj

j , and D(j)
respectively of the jth source under the new ordering. From now on, unless otherwise stated, the
source j is the jth source under this new ordering. We will make use of the following property of
the threshold function R(j) to obtain the cardinality of the set J .

Lemma 1 Under the ordering of (13), the threshold function R(j) defined in Proposition 2 satis-
fies the following:

R(j − 1) ≤ R(j), if and only if j ∈ J .

From Lemma 1 it follows that R(j) is increasing for all j ∈ J and decreasing for all j ∈ J c.
Using this fact, the following result follows directly using the definition of R(J ).

Proposition 3 The cardinality of the set J under the optimal policy specified in Proposition 2 is
given by

|J | = arg max
`∈{0,1,...,T}

1−
∑`

j=1 r̃
0
j/r̃

j
j∑T

m=`+1 |D̃(m)|
. (14)

From Propositions 2 and 3 it follows that the set J contains the |J | sources with the lowest
values of the ratios r0

j/
(
|D(j)|rj

j

)
for j ∈ T . Hence, in the optimal solution the sources that are

selected to be activated individually are the most “disadvantaged” multicast sources, i.e., those
that either (i) can only achieve very low rates under concurrent operation compared to individual
operation or (ii) those that multicast to a large number of destinations.

Consider a single-hop network of T source and destination pairs, where each source sends
unicast traffic to its corresponding destination. Note that under the restricted set of actions the
optimal proportionally fair probability distribution for the unicast case follows directly from our
formulation by simply setting the cardinality of the set D(k) for every source k ∈ T equal to one,
i.e., |D(k)| = 1. Thus, the solution of the unicast case is given next.

Corollary 2 Let π̃u?
= (π̃u?

0 , . . . , π̃
u?

T ) be the optimal proportionally fair probability distribution
for unicast traffic. Then we have:

1. If ∑
k∈T

r0
k

rk
k

≤ 1,
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each source k ∈ T is scheduled to transmit individually with probability

π̃u?

k =
1

T
, ∀k ∈ T ,

and the probability of concurrent operation is zero , i.e., π̃u?

0 = 0.

2. If ∑
k∈T

r0
k

rk
k

> 1,

the optimal policy is of a threshold type with threshold R(J ) given by

R(J ) =
1−

∑
j∈J r

0
j/r

j
j

T − |J |
. (15)

Specifically,

(a) A source j ∈ T is scheduled to transmit individually with probability π̃u?

j > 0 (i.e., j is
individually activated and belongs in J ) given by

π̃u?

j =
1

T

(
1−

∑
i∈J c

r0
j/r

j
j

1−
∑

j∈J r
0
j/r

j
j

)
, (16)

if and only if

r0
j

rj
j

< R(J ). (17)

(b) All sources operate concurrently with probability π̃u?

0 given by

π̃u?

0 =
T − |J |

T
(

1−
∑

j∈J r
0
j/r

j
j

) . (18)

Corollary 3 The cardinality of the set J under the optimal policy specified in Corollary 2 is given
by the following:

|J | = arg max
`∈{0,1,...,T}

1−
∑`

j=1 r̃
0
j/r̃

j
j

T − `
. (19)

Corollaries 2 and 3 extend our prior work [6] where we had assumed that for every unicast source
j ∈ T the rates under individual operation rj

j were all equal to each other.
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2.7.4 Simulation Results

In this section, we analyze the performance of the proposed policies through a set of numerical
experiments. First, we consider the special case of purely unicast traffic. Then, we proceed to
a more general case that involves both unicast and multicast sessions. Throughout this section,
we focus only on the criterion of proportional fairness. To illustrate our results we assume that
the data rate r(·) is given by the single user Shannon formula, i.e., r(γ) = log2(1 + γ), under the
assumption of unit bandwidth. We could just as well use the formulas that relate the data rate to the
SINR threshold under arbitrary modulation schemes (see e.g., [6]) but with additional numerical
complexity. Finally, we assume that the duration of a time slot is equal to one unit of time.

Unicast Case The first wireless network we consider is shown in Fig. 17. It is a single-hop,
static network of three source/destination pairs of unicast data traffic. The maximum transmission
powers at the sources are Pmax

1 = P/2, Pmax
2 = P, Pmax

3 = 6 ∗ P , where P = 6.0 ∗ 10−5 Watts.
Further, the power of the thermal noise is assumed to be common at all destinations and equal to
N = 3.34 ∗ 10−6 Watts.
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Figure 17: A static network of three source/destination pairs under unicast traffic.

We also parameterize the path loss matrix G, defining the path losses between the 3 sources
and the 3 destinations, as

G =

 0.9 0.9 ∗ β 0.9 ∗ β
0.9 ∗ β 0.9 0.9 ∗ β
0.9 ∗ β 0.9 ∗ β 0.9

 ,
where β ∈ [0, 1] is a parameter, we dub as the interference coefficient, since it scales the degree
of interference in the cross-channels. If β = 0, the three sessions can operate in parallel in an
interference free manner. As β increases, the cross-channel qualities improve and the amount of
interference between the sessions increases. When β = 1, the path losses between the direct and
the cross channels become equal to each other at 0.9.

Under this channel model, we compare the performance of two proportionally fair policies. By
proportionally fair we mean that the corresponding probabilities with which the different actions
are chosen solve the unicast problem (6)-(8) obtained by replacing |D(k)| = 1 for each k in (6).
The first policy we consider is a proportionally fair TDMA scheme that activates a single source
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at any given time (at its highest possible rate) with a probability optimized to ensure proportional
fairness in the effective received rates when only TDMA actions are considered. The second policy
is a rate control policy that can choose any among the 23 − 1 possible rate control and scheduling
decisions, i.e., activate a single source at any given time, or pairs of sources, or all of them together.
Again, the probability with which each action is selected is optimized so that the effective rate at
each destination is proportionally fair under this set of actions.

Fig. 18 shows the variation of the effective proportionally fair rates of the three source/destination
pairs under the considered policies as the interference level in the system increases. First, we ob-
serve that the proportionally fair rate of the source/destination pair 3 is higher than the correspond-
ing rates of the other two pairs and that the source/destination pair 1 has the lowest rate under
all values of the interference coefficient. This is a natural outcome stemming from the specific
selections on the maximum transmission powers of the respective sources. Our second observa-
tion confirms our intuitive explanation that the rate control policy performs strictly better than the
pure TDMA scheme at low levels of interference, i.e., when the interference coefficient β is small.
However, the performance gains of the proportionally fair rate control policy over the proportion-
ally fair TDMA policy diminish rather quickly as β increases. For any interference coefficient
β > 0.2, we observe that the rate control scheme converges to a TDMA scheme and thus both
policies achieve the same performance. In other words, after a certain level of interference, a
proportionally fair TDMA scheme becomes the optimum choice.
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Figure 18: Effective rate of the three unicast sessions with respect to the interference coefficient β.
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Multicast Case We now consider a static single-hop network with three sources and six desti-
nations as shown in Fig. 19. The sets of the destinations for each source are D(1) = {1, 2, 3},
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Figure 19: A single-hop network of 3 sources and 6 destinations.

D(2) = {4, 5}, and D(3) = {6}, in other words sources 1 and 2 multicast to their respective desti-
nations while source 3 is a unicast source. We set the maximum transmission powers to be equal,
i.e., Pmax

k = P, k = 1, 2, 3, where P = 6.0 ∗ 10−5 Watts. As in the previous section, the noise
power is assumed to be common at all destinations and equal to N = 3.34 ∗ 10−6 Watts.

The path losses between the 3 sources and the 6 destinations are captured by the path loss
matrix G, given as

G =

 0.8 0.9 0.75 β β β
β β β 0.85 0.9 β
β β β β β 0.7

 .
As before, β ∈ [0, 1] represents the interference coefficient. In Fig. 20, Fig. 21, and Fig. 22,

the proportionally fair rates of each multicast session are plotted as a function of the interference
coefficient β for three policies. Specifically, we consider (i) a proportionally fair scheme that
allows all 23 − 1 possible rate control and scheduling actions of activating the 3 sources, (ii) a
proportionally fair TDMA scheme, where a single source is activated at any given time, and (iii)
the restricted scheme that considers either operation “all-at-once” or “one-at-a-time”. Note that in
our plots we only show the effective rates for values of β between 0 to 0.3 since for larger values of
β all three policies converge. As in the unicast experiment, the corresponding action probabilities
are optimized so that the effective received rates are proportionally fair.

The maximum rates under the rate control and the restricted rate control schemes correspond to
the case where there is no interference between all the multicast sources (i.e. when β = 0). Under
this case, it is easy to see that the optimal action is to allow all sources to transmit simultaneously,
i.e. to use operation “all-at-once”. This is the reason why the maximum rates for the restricted rate
control scheme and for the rate control scheme coincide. Furthermore, one may observe that the
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Figure 20: Effective rate of source 1 with increasing β.
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Figure 21: Effective rate of source 2 with increasing β.
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Figure 22: Effective rate of source 3 with increasing β.

rates of each multicast source are not exactly scaled with respect to the receiver set sizes. Although
the transmission powers for all multicast sources are the same in this multicast scenario, the path
loss coefficients between the multicast sources and their corresponding receivers are different for
each source as can be seen from matrix G. Note that in this paper the multicast rate of a source
is defined to be the minimum rate at which all the receivers in its multicast group can successfully
receive the transmission. Given this definition and using the fact that the optimal operation at
β = 0 is operation “all-at-once”, the rates under the β = 0 case, (i.e. no interference case) will
be proportional to P ∗ 0.75 for multicast source 1, P ∗ 0.9 for multicast source 2, and P ∗ 0.7
for multicast source 3 as can be observed from matrix G. However, as the interference coefficient
increases we indeed observe that the rates scale according to the sizes of the receiver sets (e.g., for
β > 0.25, the rate ratios are proportional to the size of the receiver sets).

Similarly to the unicast case, when the levels of interference are low (i.e., β is close to 0),
the two proportionally fair rate control schemes achieve much higher rates than the corresponding
TDMA scheme. Furthermore, both rate control schemes converge fast, as expected, to the TDMA
scheduling policy as the interference coefficient β increases.

2.8 Stanford
(Andrea Goldsmith)

Performance Bounds for the Interference Channel with a Relay: Our recent work considers re-
laying in networks with multiple cooperating pairs. We have obtained a new sum-rate outer bound
to the performance of the smallest such network: the interference channel with a relay (ICR). The
new bound also applies to the model of the ”cognitive” relay in which the relay knows a priori
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messages sent by the sources. We show that the new outer bound can be significantly tighter than
the cut-set bound and the existing cognitive ICR bounds and that the bound is close to the achiev-
able rates in the strong interference regime. For the transmission strategy that we proposed in our
previous work, we also obtain strong interference conditions.

Achievable Rate Regions for Broadcast Channels with Cognitive Relays: We consider
fundamental performance limits of broadcast channels with cognitive relays. This channel model
contains previously considered information-theoretic models of cognitive radio networks as spe-
cial cases, and thus unifies their analysis. We develop a new coding strategy and the achievable rate
region for this channel model. We then consider the special case when there is only one cognitive
relay, and develop a coding strategy that outperforms most of the existing schemes. We demon-
strate the advantages of our coding scheme by considering the Gaussian broadcast channel with
one cognitive relay.

Multicasting with a Relay: We study the simultaneous multicasting of messages with the help
of a relay terminal. Considering a two-source two-destination network without cross reception, we
characterize the capacity region in the case of finite-field modulo additive channels by using lin-
ear codes, highlighting the benefits of structured codes in exploiting the underlying physical-layer
structure of the network. Motivated by the finite field result, we then study the Gaussian channel
model, providing achievable rate regions based on nested lattice codes. It is shown that for a wide
range of power constraints, the performance with lattice codes approaches the upper bound and
surpasses the rates achieved by the standard random coding schemes.

Capacity, Upper Bounds and Achievable Rates of the Multiway Relay: We study the
multi-way relay channe, in which multiple users exchange information with the help of a single
relay terminal. In this model, multiple interfering clusters of users communicate simultaneously,
where the users within the same cluster wish to exchange messages among themselves. It is as-
sumed that the users cannot receive each other’s signals directly, and hence the relay terminal is the
enabler of communication. A relevant metric to study in this scenario is the symmetric rate achiev-
able by all users, which we identify for amplify-and-forward (AF), decode-and-forward (DF) and
compress-and-forward (CF) protocols. We also present an upper bound for comparison and prove
the achievability of rates within a constant bit gap of the capacity.

Capacity and Achievable Rates for the Interference Channel: We introduced two new
channel coding problems that generalize the classical interference channel model. In ”the inter-
ference channel with message side information”, we assume that a portion of each user’s message
is available at the non-intended receiver, and in ”the X channel with degraded message sets” each
user has two messages, a common message intended for both receivers, and a private message only
for the corresponding receiver. We identify achievable rate regions for both channel models, and
show that they achieve the capacity for a special class of Z interference channels and a special class
of deterministic interference channels.

Joint Source/Channel Coding with Outage: We consider combined source-channel outage
in lossy transmission of a memoryless source over a composite channel. For this system, we define
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an end-to-end distortion metric, Distortion vs. Combined Source-Channel Outage and prove the
optimality of source and channel code separation to minimize this metric.

Joint Source/Channel Coding with Limited Feedback: We study the transmission of a
Gaussian source over a block fading multiple antenna channel in the presence of a feedback link of
1 bit per channel use. We characterize the optimal exponential behavior of the end-to-end average
distortion under short-term power constraint for all source-channel bandwidth ratios. We show that
the optimal transmission strategy is successive refinement source coding followed by progressive
transmission over the channel, in which the channel block is allocated dynamically among the lay-
ers based on the channel state using the feedback link as an instantaneous automatic repeat request
(ARQ) signal.

Distributed Wireless Network Utility Maximization: We propose a distributed solution for
the WNUM problem to optimize the rate-reliability tradeoff in wireless networks with randomly
time-varying channels. The solutions determines, in a distributed manner, the optimal adaptation
of rate, code, and power control to maximize the rate-reliability tradeoff region. We also proof
the convergence of the proposed algorithm using Stochastic Approximation and illustrate the algo-
rithm’s performance via simulation, thereby confirming the convergence results.
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3 Technology Transfer

Together with Beiyu Rong, Anthony Ephremides wrote an Invention Disclosure and Patent Appli-
cation on cooperation at the protocol level.

Pravin Varaiya helped develop the Sensys Networks (www.sensysnetworks.com) real-time sys-
tem for measuring travel times in urban arterials. The system is currently deployed in Albany and
Chula Vista, CA and in New York City.

Mario Gerla transitioned Multi path routing, Network Coding and Congestion Control results
from DAWN project to STTR Navy Program Phase II - Thin Layer Architecture for JTRS. The
lead Company in the STTR is Utopia Compression Inc.

Mario Gerla transitioned MANET Interdomain and DTN Multicast results from DAWN Project
to SBIR Phase II project with Navy - Networking for airborne platforms. The lead Company in
the STTR is Utopia Compression Inc.

Mario Gerla transitioned multiple metrics ad hoc routing results to SBIR Phase II project with
ARMY on Seamless Handoff Architecture. The lead Company in the SBIR is IAI (Intelligent
Automation) Inc.

4 Publications by DAWN Investigators

4.1 Papers Published in Peer-Reviewed Journals and Books

1. A. Pantelidou and A. Ephremides, ”A Cross-layer View of Optimal Scheduling”, accepted
by the IEEE Trans on Information Theory.

2. F. Zhao, Mdard, M., Lun, D.S., and Ozdaglar, A., Minimum Cost Subgraph Algorithms for
Static and Dynamic Multicasts with Network Coding, Directions in Wireless Communica-
tions, Springer, Editor: Ian F. Blake, 2009.

3. K. Kwong, R. Kavaler, R. Rajagopal, and P. Varaiya, ”Arterial travel time estimation based
on vehicle re-identification using wireless magnetic sensors,” Transportation Research Part
C 17 (2009).

4. Joon-Sang Park, Uichin Lee, Soon Y. Oh, Mario Gerla, Desmond S. Lun, Won W. Ro,
and Joonseok Park, ”Delay Analysis of Car-to-Car Reliable Data Delivery Strategies based
on Data Mulling with Network Coding,” IEICE Transactions on Information and Systems,
2008.

5. U. Lee, J.S. Park, S.H. Lee, W. W. Ro, G. Pau, and M. Gerla, Effcient Peer-to-peer File Shar-
ing using Network Coding in MANET, Journal of Communications and Networks (JCN),
Special Issue on Network Coding Vol. 10 N. 4, Dec. 2008.

6. Uichin Lee, Eugenio Magistretti, Mario Gerla, Paolo Bellavista, Antonio Corradi, ”Dissem-
ination and Harvesting of Urban Data using Vehicular Sensor Platforms,” IEEE Transaction
on Vehicular Technology, Volume 58, Issue 2, pp. 882-901, Feb. 2009.
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7. Kevin C. Lee, Michael Le, Jerome Haerri, and Mario Gerla, ”Taking the LOUVRE ap-
proach,” Vehicular Technology Magazine, Volume 4, Issue 1, March, 2009.

8. Uichin Lee, Eugenio Magistretti, Mario Gerla, Paolo Bellavista, Pietro Lio, and Kang-Won
Lee, ”Bio-inspired Multi-Agent Data Harvesting in a Proactive Urban Monitoring Environ-
ment,” Ad Hoc Networks Journal (Elsevier), Special Issue on Bio-Inspired Computing and
Communication in Wireless Ad Hoc and Sensor Networks, Volume 7, Issue 4, pp. 725-741,
June 2009.

9. Uichin Lee, Sewook Jung, Alexander Chang, Dae-Ki Cho, and Mario Gerla, ”Bluetooth-
based P2P Content Distribution to Mobile Users,” IEEE Transaction on Vehicular Technol-
ogy, 2009

10. Uichin Lee, Jiyeon Lee, Joon-Sang Park, and Mario Gerla, ”FleaNet: A Virtual Market Place
on Vehicular Networks” IEEE Transaction on Vehicular Technology, 2009.

11. L. Bao and J.J. Garcia-Luna-Aceves, ”Stable Energy-Aware Topology Management in Ad
Hoc Networks”, Ad Hoc Networks Journal, Elsevier. Accepted for publication, 2009.

12. Z. Wang, S. Karande, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, ”Fundamental Limits
of Information Dissemination in Wireless Ad Hoc Networks—Part I: Single-Packet Recep-
tion,” IEEE Transactions on Wireless Communications. Accepted for publication, Septem-
ber 2009.

13. X. Wu, H. Xu, H. Sadjadpour, and and J.J. Garcia-Luna-Aceves, ”A Unified Analysis of
Routing Protocols in MANETs,” IEEE Transactions on Communications. Accepted for pub-
lication, 2009.

14. R. Menchaca-Mendez and J.J. Garcia-Luna-Aceves, “Hydra: Efficient Multicast Routing
in MANETs Using Sender-Initiated Multicast Meshes,” Pervasive and Mobile Computing.
Accepted for publication, 2009.

15. H. Xu and J.J. Garcia-Luna-Aceves, Efficient Broadcast for Wireless As Hoc Networks with
a Realistic Physical Layer, Ad Hoc Networks. Accepted for publication, June 2009.

16. X. Wu, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, Link Dynamics in MANETs with Re-
stricted Node Mobility: Modeling and Applications, IEEE Transactions on Wireless Com-
munications. Ac- cepted for publication, April 2009.

17. S. Karande, Z. Wang, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, Optimal Unicast Ca-
pacity of Random Geometric Graphs: Impact of Multipacket Transmission and Reception,
IEEE Journal on Selected Areas in Communications, Special Issue on Stochastic Geometry
and Random Graphs for Wireless Networks, Vol. 27, No. 7, Sept. 2009.

18. H. Sadjadpour, Z. Wang, and J.J. Garcia-Luna-Aceves, ”The Capacity of Wireless Ad Hoc
Networks with Multi-Packet Reception,” IEEE Transactions on Communications. Accepted
for publication, 2009.
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19. X. Wang and J.J. Garcia-Luna-Aceves, “Embracing Interference in Ad Hoc Networks Using
Joint Routing and Scheduling with Multiple Packet Reception,” Ad Hoc Networks, Elsevier,
Vol. , No. 2, March 2009, pp. 460-471. ISSN:1570-8705.

20. M. Bromage, V. Petkov, B. Nunes, K. Obraczka, J. Koshimoto, S. Bromage, and C. En-
gstrom, ”SCORPION: A Heterogeneous Wireless Networking Testbed,” Extended Abstract,
ACM MC2R, January 2009.

21. Thrasyvoulos Spyropoulos, Thierry Turletti, and Katia Obrazcka, ”Routing in Delay Tolerant
Networks Comprising Heterogeneous Populations of Nodes,” IEEE Transactions on Mobile
Computing, August 2009.

22. C. T. K. Ng and A. Goldsmith, The Impact of CSI and Power Allocation on Relay Channel
Capacity and Cooperation Strategies, IEEE Transactions on Wireless Communications, vol.
7, no. 12, pp. 53805389, Dec. 2008.

23. C. T. K. Ng, D. Gunduz, A. Goldsmith and E. Erkip, Optimal Power Distribution and Min-
imum Expected Distortion in Gaussian Layered Broadcast Coding with Successive Refine-
ment, To appear in the IEEE Transactions on Information Theory, 2009.

24. N. Liu, D. Gunduz, A. Goldsmith and H. V. Poor, ”Interference Channels with Correlated
Receiver Side Information”, To appear in the IEEE Transactions on Information Theory,
2009.

25. D. Gunduz, E. Erkip, A. Goldsmith and H. V. Poor, ”Transmitting Correlated Sources over
Multiuser Channels,” To appear in the IEEE Transactions on Information Theory, 2009.

26. O. Simeone, D. Gunduz, H. V. Poor, A. Goldsmith and S. Shamai (Shitz), ”Compound Mul-
tiple Access Channels with Partial Cooperation,” To appear in the IEEE Transactions on
Information Theory, 2009.

4.2 Peer-Reviewed Papers Published in Conference Proceedings

1. Melike Erol, Luiz Vieira, Antonio Caruso, Francesco Papparella, and Mario Gerla, ”Multi
Stage Underwater Sensor Localization using Mobile Beacons,” International Workshop on
Under Water Sensors and Systems (UNWAT), Cap Esterel, France, Aug. 2008.

2. Eugenio Giordano, Andrea Tomatis, Abhishek Ghosh, Giovanni Pau, and Mario Gerla, ”C-
VeT an open research platform for VANETs: Evaluation of Peer to Peer Applications in
Vehicular Networks,” IEEE International Symposium on Wireless Vehicular Communica-
tions (WiVeC 2008), Calgary, Canada, Sep. 2008.

3. Hyduke Noshadi, Eugenio Giordano, Hagop Hagopian, Giovanni Pau, Mario Gerla, and Ma-
jid Sarrafzadeh, ”Remote Medical Monitoring Through Vehicular Ad Hoc Network,” IEEE
International Symposium on Wireless Vehicular Communications, (WiVeC 2008), Calgary,
Canada, Sep. 2008.
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4. Kevin C. Lee, Michael Le, Jerome Haerri, and Mario Gerla, ”LOUVRE: Landmark Overlays
for Urban Vehicular Routing Environments”, IEEE International Symposium on Wireless
Vehicular Communications (WiVeC 2008), Calgary, Canada, Sep. 2008.

5. Luiz Vieira, Uichin Lee, and Mario Gerla, ”Phero-Trail: a Bio-inspired Location Service
for Mobile Underwater Sensors,” ACM International Workshop on UnderWater Networks
(WUWNet), San Francisco, CA, Sep. 2008.

6. Uichin Lee, Soon Young Oh, Kang-Won Lee, and Mario Gerla, ”RelayCast: Scalable Multi-
cast Routing in Delay Tolerant Networks,” IEEE International Conference on Network Pro-
tocols (ICNP’08), Orlando, FL, Oct. 2008.

7. Soon Young Oh, Gustavo Marfia, and Mario Gerla ”ProbeCast: Ad Hoc Admission Control
via Probing,” ACM International Symposium on QoS and Security for Wireless and Mobile
Networks (Q2SWinet 2008), Vancouver, BC, Canada, Oct. 2008.

8. G. Marfia, P. Lutterotti, S. Eidenbenz, G. Pau, and M. Gerla, ”FairCast: Fair Multi-Media
Streaming in Ad Hoc Networks through Local Congestion Control,” ACM International
Conference on Modeling, Analysis and Simulation of Wireless and Mobile Systems (MSWIM‘08),
Vancouver, Canada, Oct. 2008.

9. Kevin C. Lee, Uichin Lee, and Mario Gerla, ”TO-GO: TOpology-assist Geo-Opertunistic
Routing in Urban Vehicular Grids.” IEEE International Conference on Network Protocols
(ICNP), Orlando, FL, Oct. 2008.

10. Atsushi Fujimura, Soon Y. Oh, Mario Gerla ”Network Coding vs. Erasure Coding: Reli-
able Multicast in Ad hoc Networks,” IEEE Military Communications Conference (MILCOM
’08), San Diego, CA, Nov. 2008.

11. A. Sentinelli, L. Celetto, D. Lefol, C.E. Palazzi, and G. Pau, ”A Survey on P2P Streaming
Clients: Looking at the End-User,” ACM/ICST International Wireless Internet Conference
(WICON 2008), Maui, HI, Nov. 2008.

12. Biao Zhou, Yeng-zhong Lee, and Mario Gerla, ”Direction Assisted Geographic Routing for
Mobile Ad Hoc networks,” IEEE Military Communications Conferences (MILCOM), San
Diego, CA, Nov. 2008.

13. P. Lutterotti, G. Pau, D. Jiang, M. Gerla, and L. Delgrossi, ”C-VeT, the UCLA Vehicu-
lar Testbed: An Open Platform for Vehicular Networking and Urban Sensing,” Interna-
tional Conference on Wireless Access for Vehicular Environments (WAVE 2008), Dearborn,
Michigan, Dec. 2008.

14. Soon Young Oh, and Mario Gerla, ”Robust MANET Routing using Adaptive Path Redun-
dancy and Coding,” ACM International Conference on COMmunication Systems and NET-
workS (COMSNETS), Bangalore, India, Jan. 2009.
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15. Navid Amini, Jerrid Matthews, Foad Dabiri, Alireza Vahdatpour, Hyduke Noshadi, Majid
Sarrafzadeh, ”A Wireless Embedded Device For Personalized Ultraviolet Monitoring,” In-
ternational Conference on Biomedical Electronics and Devices (BIODEVICES 2009), Porto
Portugal, Jan. 2009.

16. Chien-Chia Chen, Chieh-Ning Lien, Uichin Lee, Soon Young Oh, and Mario Gerla, ”Code-
Cast: Network Coding Based Multicast in MANETs,” ACM Workshop on Mobile Comput-
ing Systems and Applications (HotMobile), Santa Cruz, CA, Feb. 2009.

17. Kevin C. Lee, Uichin Lee, and Mario Gerla, ”TO-GO: TOpology-assist Geo-Oppertunistic
Routing in Urban Vehicular Grids,” IEEE/IFIP International Conference on Wireless On-
demand Network Systems and Services (WONS 2009), Snowbird, Utah, Feb. 2009.

18. Biao Zhou, Zhen Cao, and Mario Gerla, ”Cluster-based Inter-Domain Routing (CIDR) Pro-
tocol for MANETs.” IEEE/IFIP Annual Conference on Wireless On demand Network Sys-
tems and Services (WONS), Snowbird, Utah, Feb. 2009.

19. A. Sentinelli, L. Celetto, D. Lefol, C. E. Palazzi, G. Pau, T. Zahariadis, and A. Jari, ”Survey
on P2P Overlay Streaming Clients,” The Future of the Internet Conference, Prague, Czech
Rep., May 2009.

20. Jihyoung Kim, Jung Soo Lim, Jonathan Friedman, Uichin Lee, Luiz Vieira, Diego Rosso,
Mario Gerla, and Mani B Srivastava, ”SewerSnort: A Drifting Sensor for In-situ Sewer
Gas Monitoring,” IEEE Conference on Sensor, Mesh and Ad Hoc Communications and
Networks (SECON), Rome, Italy, June 2009.

21. D. Nguyen, J.J. Garcia-Luna-Aceves, and K. Obraczka, ”Collision-Free Asynchronous Multi-
Channel Access in Ad Hoc Networks,” Proc. IEEE Globecom 2009 Ad Hoc, Sensor and
Mesh Networking Symposium, 30 Nov. - 4 Dec., 2009, Honolulu, HI.

22. Z. Wang, M. Ji, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, ”Cooperation-Multiuser Di-
versity Tradeoff in Wireless Cellular Networks,” Proc. IEEE Globecom 2009 Wireless Net-
working Symposium, 30 Nov. - 4 Dec., 2009, Honolulu, HI.

23. M. Ji, Z. Wang, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, ”Capacity of Wireless Net-
works with Heterogeneous Traffic,” Proc. IEEE Globecom 2009 Wireless Networking Sym-
posium, 30 Nov. - 4 Dec., 2009, Honolulu, HI.

24. S. Dabideen, B. Smith, and J.J. Garcia-Luna-Aceves, ”An End-to-End Solution for Secure
and Survivable Routing in MANETs,” Proc. DRCN 2009: The 7th International Workshop
on the Design of Reliable Communication Networks, Washington, D.C., October 25-28,
2009.

25. W. Wang, M. Ji, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, ”Interference Management: A
New Paradigm for Wireless Cellular Networks,” Proc. IEEE MICLOM 2009, Boston, MA,
October 18-21, 2009.

57



26. Y. Wang and J.J. Garcia-Luna-Aceves, ”Dircast: Flood-Reduced Routing Protocol in MANETs
with Destination Coordinates,” Proc. IEEE MICLOM 2009, Boston, MA, October 18-21,
2009.

27. S. Dabideen and J.J. Garcia-Luna-Aceves, ”OWL: Towards Scalable Routing in MANETs
Using Depth-First Search On Demand,” Proc. IEEE MASS 2009: The 6th IEEE Interna-
tional Conference on Mobile Ad Hoc and Sensor Systems, October 12 - 15, 2009, Macau
SAR, P.R.C.

28. J.J. Garcia-Luna-Aceves and D. Sampath, ”Scalable Integrated Routing Using Prefix Labels
and Distributed Hash Tables for MANETs,” Proc. IEEE MASS 2009: The 6th IEEE Inter-
national Conference on Mobile Ad Hoc and Sensor Systems, October 12 - 15, 2009, Macau
SAR, P.R.C.

29. S. Dabideen, B. Smith, and J.J. Garcia-Luna-Aceves ”The Case for End-to-End Solutions to
Secure Routing in MANETs,” Proc. nternational Workshop on Security, Privacy and Trust
of Computer and Cyber-Physical Networks (SecureCPN), San Francisco, CA, August 2–6,
2009.

30. J.J. Garcia-Luna-Aceves and D. Sampath, ”Efficient Multicast Routing in MANETs Using
Prefix Labels,” Proc. IEEE ICCCN 2009, San Francisco, CA, August 2–6, 2009.

31. D. Sampath and J.J. Garcia-Luna-Aceves, “PROSE: Scalable Routing in MANETs Using
Prefix Labels and Distributed Hashing,” Proc. IEEE SECON 2009, June 22–26, 2009, Rome,
Italy.

32. S. Karande, Z. Wang, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, “Multicast Throughput
Order of Network Coding in Wireless Ad-hoc Networks,” Proc. IEEE SECON 2009, June
22–26, 2009, Rome, Italy.

33. M. Veyseh, J.J. Garcia-Luna-Aceves, and H. Sadjadpour, ”OFDMA-based Multiparty Medium
Access Control in Wireless Ad Hoc Networks,” Proc. IEEE ICC 2009, Dresden, Germany,
June 14-18, 2009.

34. S. Karande, Z. Wang, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, ”Network Coding Does
Not Change The Multicast Throughput Order of Wireless Ad Hoc Networks,” Proc. IEEE
ICC 2009, Dresden, Germany, June 14-18, 2009.

35. S. Karande, Z. Wang, H. Sadjadpour, and J.J. Garcia-Luna-Aceves, “On the Multicast Through-
put Capacity of Network Coding in Wireless Ad-hoc Networks,” Proc. ACM FOWANC
2009: The Second ACM International Workshop on Foundations of Wireless Ad Hoc and
Sensor Networking and Computing, New Orleans, LA, May 18, 2009.

36. Matt Bromage et al., ”EPEW: An Extended Prototyping Environment for Wireless Mesh
Networks,” IEEE International Conference on Communications Systems, November 2008.

37. James Koshimoto, Matt Bromage, Vladislav Petkov and Katia Obraczka, ”SlugTransit: A
Location-Based Public Transportation Management System,” ACM Mobility Conference
2009, 2009.
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38. Matt Bromage, James Koshimoto, and Katia Obraczka, ”TAROT: Trajectory-Assisted Rout-
ing for Intermittently Connected Networks”, ACM MobiCom workshop on Challenged Net-
works, 2009.

39. Vartika Bhandari and Nitin Vaidya, ”Scheduling in Multi-Channel Wireless Networks,” ac-
cepted for publication in ICDCN 2010.

40. J.-K. Sundararajan, Shah, D., Mdard, M., Mitzenmacher, M, Barros, J. Network Coding
Meets TCP, INFOCOM 2009, April 2009.

41. D. Lucani, Mdard, M. and Stojanovic, M., Sharing Information in Time-Division Duplexing
Channels: A Network Coding Approach, accepted to the 2009 Annual Allerton Conference
on Communication, Control, and Computing

42. D. Lucani, Mdard, M. and Stojanovic, M., Random Linear Network Coding for Time-
Division Duplexing: Field Size Considerations, accepted to the IEEE Globecom 2009 Com-
munication Theory Symposium

43. D. Lucani, Mdard, M. and Stojanovic, M., Random Linear Network Coding for Time-
Division Duplexing: Queueing Analysis, ISIT, July 2009

44. D. Lucani, Fitzek, F., Mdard, M. and Stojanovic, M., Network Coding For Data Dissem-
ination: It Is Not What You Know, But What Your Neighbors Dont Know, invited paper,
RAWNETs, June 2009.

45. J.-K. Sundararajan, Sadeghi, P. and Mdard, M., A feedback-based adaptive broadcast coding
scheme for minimizing in-order delivery delay, Netcod, June 2009.

46. D. Lucani, Mdard, M. and Stojanovic, M., Broadcasting in time-division duplexing: A ran-
dom linear network coding approach, Netcod, June 2009.

47. I. Maric, R. Dabora and A. Goldsmith, An Outer Bound for the Gaussian Interference
Channel with a Relay, Accepted to the 2009 IEEE Information Theory Workshop (ITW),
Taormina, Italy, Oct. 2009

48. N. Liu, I. Maric, A. Goldsmith and Shlomo Shamai (Shitz), Bounds and Capacity Results for
the Cognitive Z-interference Channel, The IEEE International Symposium on Information
Theory, Seoul, Korea, June 2009.

49. R. Dabora, I. Maric and A. Goldsmith, Interference Forwarding in Multiuser Networks 2008
IEEE GLOBECOM, New Orleans, LA, Nov. 2008.

50. I. Maric, R. Dabora and A. Goldsmith, Generalized Relaying in the Presence of Interference
The 42nd Asilomar Conference on Signals, Systems and Computers, Pacific Grove, CA,
Oct. 2008.

51. I. Maric, N. Liu and A. Goldsmith, Encoding Against an Interferer’s Codebook, Allerton
Conference on Communications, Control and Computing, Monticello, IL, Sept. 2008.
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52. D. Gunduz, O. Simeone, H. V. Poor, A. Goldsmith and S. Shamai (Shitz), ”Relaying Simul-
taneous Multicasts via Structured Codes,” IEEE International Symposium on Information
Theory, Seoul, Korea, June, 2009.

53. D. Gunduz, A. Yener, A. Goldsmith and H. V. Poor, ”Multi-Way Relay Channel,” IEEE
International Symposium on Information Theory, Seoul, Korea, June, 2009.

54. D. Gunduz, O. Simeone, H. V. Poor, A. J. Goldsmith and S. Shamai (Shitz), ”Relaying Si-
multaneous Multicast Messages,” IEEE Information Theory Workshop (ITW), Volos, Greece,
June 2009.

55. D. Gunduz, A. Goldsmith and H. V. Poor, ”MIMO Two-way Relay Channel: Diversity-
Multiplexing Trade-off Analysis,” Asilomar Conference on Signals, Systems and Comput-
ers, Pacific Grove, CA, Oct. 2008.

56. O. Simeone, D. Gunduz, A. J. Goldsmith, H. V. Poor, S. Shamai (Shitz), ”Compound Mul-
tiple Access Channels with Conferencing Decoders,” Allerton Conference on Communica-
tion, Control, and Computing, Monticello IL, September 2008.

57. N. Liu, D. Gunduz, A. Goldsmith and H. V. Poor, ”Interference Channels with Correlated
Receiver Side Information”, Allerton Conference on Communication, Control, and Comput-
ing, Monticello IL, September 2008.

58. R. Dabora and A. Goldsmith, ”Coding with Frame Synchronization for Finite-State Chan-
nels with Feedback”, Accepted to the Information Theory Workshop (ITW), October 2009,
Taormina, Italy.

59. R. Dabora and A. Goldsmith, ”Finite-State Broadcast Channels with Feedback and Receiver
Cooperation”, Proceedings of the Information Theory Workshop (ITW), June 2009, Volos,
Greece.

60. R. Dabora and A. Goldsmith, ”On the Capacity of Indecomposable Finite-State Channels
with Feedback”, Allerton Conference on Communications, Control and Computing, Monti-
cello, IL, Sept. 2008

4.3 Invited Papers in Books and Journals

1. ”Breaking spectrum gridlock through cognitive radios: an information-theoretic approach,”
by A. Goldsmith, S.A. Jafar, I. Maric, and R. Srinivasa, IEEE Proceedings, May 2009.

2. Uichin Lee, Ryan Cheung, Mario Gerla ”Emerging Vehicular Applications” Vehicular Net-
works: From Theory to Practice, CRC Press, Taylor and Francis Group, 2009.

3. Uichin Lee and Mario Gerla, ”A Survey of Urban Vehicular Sensing Platforms,” Elsevier
Computer Networks (invited paper), 2009.
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4.4 Non Peer-Reviewed Papers Published in Conference Proceedings

1. A. Pantelidou and A. Aphremides, ”A cross-Layer View of Wireless Multicasting under
Uncertainty”, IEEE ITW Proceedings.

2. A. Pantelidou and A. Aphremides, ”A Review of the Scheduling Problem in Wireless Mul-
ticasting”; JCN (Journal on Communications and Networks)

3. R. Rajagopal, X. Nguyen, S. C. Ergen and P. Varaiya, Theory of Simultaneous Fault Detec-
tion for Multiple Sensors, to appear in 2nd International Workshop on Sequential Methods
(IWSM), France, 2009.

4.5 Manuscripts Submitted

1. A. Pantelidou and A. Ephremides, ”Wireless Multicast Optimization: A Cross-Layer Ap-
proach”, submitted to the IEEE trans on Information Theory.

2. A. Pantelidou and A. Ephremides, ”Minimumm Length Scheduling and Rate Control in
Wireless Networks: A Shortest Path Approach”, submitted to the IEEE Trans on Information
Theory

3. Beiyu Rong and A. Ephremides, ”On Stability and Throughput for Multiple Access with
Cooperation”, submitteed to the IEEE Trans on Information Theory.

4.6 Ph.D. and M.S. Students Completing Their Studies

The following 12 students completed their Ph.D. theses during the past year:

1. Rolando Menchaca-Mendez, ”Routing and Scheduling In Mobile Ad Hoc Networks Using
Meshes,” Ph.D. in Computer Engineering, University of California at Santa Cruz, 2009.

2. Xianren Wu, “Statistical Models and Performance Evaluation for Mobile Ad Hoc Networks,”
Ph.D. in Electrical Engineering, University of California at Santa Cruz, 2008.

3. Brooke Shrader, Ph.D. in Electrical Engineering, University of Maryland, 2008.

4. AnnaPantelidou, ”A Cross-Layer Study of The Scheduling Problem,” Ph.D. in Electrical and
Computer Engineering, University of Maryland, 2009.

5. Jay-Kumar Sundararajan, ”The role of feedback in network coding,” Ph.D. in Electrical En-
gineering, MIT, 2009.

6. Minkyu Kim, Ph.D. in Electrical Engineering, MIT, 2008.

7. Ram Rajagopal, PhD, Electrical Engineering, University of California at Berkeley, 2009.

8. Uichin Lee, ”Mobile Data Sensing and Content Distribution in Urban Grids,” Ph.D., Com-
puter Science, UCLA, September 2008.
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9. Soon Oh, Ph.D., Computer Science, UCLA, June 2009.

10. Gustavo Marfia, Ph.D., Computer Science, UCLA, June 2009.

11. Chun-Cheng Chen, Ph.D., Computer Science, University of Illinois at Urbana Champaign,
2008.

12. Vartika Bhandari, Ph.D., Computer Science, University of Illinois at Urbana Champaign,
2008.

The following students completed their M.S. degrees:

1. Matt Bromage, MS, Computer Engineering, UCSC, 2009.

2. Prasantha Jeevan, MS, Electrical Engineering, University of California at Berkeley, 2008

3. Sergei Timofeev, MS, Electrical Engineering, University of California at Berkeley, 2008

4. Cho, Dae-Ki, MS, Computer Science, UCLA, December 2008.

5. Lien, Chieh-Ning, MS, Computer Science, UCLA, December 2008.

6. Chang, Benjamin Yuan, MS, Computer Science, UCLA, March 2009.

7. Chang, Chia-Wei, MS, Computer Science, UCLA, June 2009.

8. Chen, Chien-Chia, MS, Computer Science, UCLA, June 2009.

9. Chong, Tin Yau, MS, Computer Science, UCLA, June 2009.

10. Cohen, Michael Harry, MS, Computer Science, UCLA, June 2009.

11. Fan, Jih Chung, MS, Computer Science, UCLA, June 2009.

12. Giordano, Eugenio, MS, Computer Science, UCLA, June 2009.

13. Han, Seongwon, MS, Computer Science, UCLA, June 2009.

14. Lee, Ji Yeon, MS, Computer Science, UCLA, June 2009.

15. Matthews, Jerrid E., MS, Computer Science, UCLA, June 2009.

16. Navarro, Juan M., MS, Computer Science, UCLA, June 2009.

17. Pancost, Brandon Jacob, MS, Computer Science, UCLA, June 2009.

18. Piechowicz, Adam Michael, MS, Computer Science, UCLA, June 2009.
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5 Honors and Awards

The faculty participating in DAWN received the following honors and awards. The list is provided
in alphabetical order according to the last names of principal investigators.

J.J. Garcia-Luna-Aceves:

• Elected ACM Fellow “for contributions to the theory and design of computer communication
protocols.”

• IEEE Fred W. Ellersick 2008 MILCOM Award for Best Unclassified Paper (selected from
650 accepted papers ): Z. Wang, S. Karande, H. Sadjadpour, and J.J. Garcia-Luna-Aceves,
“On the Capacity Improvement of Multicast Traffic with Network Coding,” Proc. IEEE
MILCOM 2008, San Diego, California, November 17–19, 2008.

• Technical Program Co-Chair, AD HOC NOW 2009, Murcia, Spain, Sept. 16–19, 2009.

Mario Gerla:

• Best paper Award: Dirceu Cavendish, Kazumi Kumazoe, Masato Tsuru, Yuji Oie, Mario
Gerla, ”CapStart: An Adaptive TCP Slow Start for High Speed Networks,” International
Conference on Evolving Internet (Internet 2009), Cannes, France, Aug. 2009.

• General Chair, IEEE Conference on Sensor, Mesh and Ad Hoc Communications and Net-
works (SECON), Rome, Italy, June, 2009.

• General Chair, International Workshop on Mobile Urban Sensing (MobiUS), Taipei, Taiwan,
May, 2009.

• Program Committee Chair, ACM Asian Internet Engineering Conference (AINTEC), Bangkok,
Thailand, Nov. 2009.

• Distinguished Lecture, Vehicular Urban Sensing: Dissemination and Retrieval, North Car-
olina State University, Jan. 2009.

• Keynote Speech, Vehicular Urban Sensing: efficiency and privacy, ACM/IEEE Interna-
tional Conference on Modeling, Analysis and Simulation of Wireless and Mobile Systems
(MSWiM), Vancouver, Canada, Oct. 2008.

• Keynote Speech, Vehicular Urban Sensing: Dissemination and Retrieval, IFIP Networking,
Aachen, Germany, May 2009.

• Keynote Speech, Vehicular Urban Sensing: Dissemination and Retrieval, IEEE/IFIP Mediter-
ranean Ad Hoc Networking Workshop (Med-Hoc-Net), Haifa, Israel, June 2009.

• Invited Talk, Vehicular Urban Sensing: Dissemination and Retrieval, University of Califor-
nia at Irvine, May 2009.
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• Invited Talk, Carrier Grade Mesh Networks? The Vehicle Mesh case, Workshop on Carrier
Grade Mesh Networks, Santander, Spain, June. 2009.

• Invited Talk, New Trends in Vehicular Communications: Peer to Peer Networks and Car
Sensor Platforms, National Cheng Kung University, Taiwan, Oct. 2008.

• Board of ISSNAF, (Italian Scientists and Scholars Foundation North America),2007 - 2009.

Andrea Goldsmith:

• Comsoc Distinguished Lecturer 2008-2009

• IEEE Information Theory Society President, 2009.

Anthony Ephremides:

• Distinguished Lecturer of the IEEE Comm Society (did extensive European and Austarlian
Tours)

• Keynote Speaker at the WoWMoM conference, June 2009 in Kos, Greece.

• Invited Lecturer at the Technical University of Munich

• Invited Lecturer at the Politecnico di Milano

• Invited Distinguished Lecture at Texas A&M University

Muriel Medard:

• 2009 IEEE Communications Society and Information Theory Society Joint Paper Award for
T. Ho, M. Mdard, R. Koetter, D. R. Karger, M. Effros, J. Shi, and B. Leong, A Random
Linear Network Coding Approach to Multicast,” IEEE Transactions on Information Theory,
vol. 52, no. 10, pp. 4413-4430, October 2006.

• 2009 William R. Bennett Prize in the Field of Communications Networking for S. Katti,
Rahul, H., Hu, W. , Katabi, D., Mdard, M., and Crowcroft, J., XORs in the Air: Practical
Wireless Network Coding, IEEE/ACM Transactions on Networking, Volume 16, Issue 3,
June 2008, pp. 497 - 510

Katia Obraczka:

• Demo and Poster Chair for ACM CHANTS 2008, one of the premier venues on disruption-
tolerant networking.

• Workshop Chair for the IEEE SECON 2009, the flagship conference in wireless and sensor
networks of the IEEE communications society.
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• Co-Chair of the First IEEE International Workshop on Network Science For Communication
Networks (NetSciCom) 2009.

Hamid Sadjadpour:

• IEEE Fred W. Ellersick 2008 MILCOM Award for Best Unclassified Paper (selected from
650 accepted papers ): Z. Wang, S. Karande, H. Sadjadpour, and J.J. Garcia-Luna-Aceves,
“On the Capacity Improvement of Multicast Traffic with Network Coding,” Proc. IEEE
MILCOM 2008, San Diego, California, November 17–19, 2008.

Pravin Varaiya:

• Distinguished Visiting Professor, University of Hong Kong, Nov 2008-Feb 2009

• Honorary Doctorate, Technical University of Crete, Greece, August 2008

6 Faculty and Student Support

The following faculty and students were supported by the project:

• Professor Ephremides (8.33 % in 2009 and 10% in 2008), Azadeh Faridi (50 % in 2008),
Anna Pantelidou (50% in 2008), Beiyu Rong (50% in 2008), Tony Fanous (50% in 2009),
Beiyu Rong (50% in 2009).

• Professor Vaidya, Chun-Cheng Chen (25% during August-Dec. 2008), Tae Hyun Kim (50%
January-May 2008), Ghazale Hosseinabadi (50% during August 2008-May 2009), Yan Gao
(November-December 2008).
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