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Bounds on the Throughput Gain of Network
Coding in Unicast and Multicast Wireless Networks

Junning Liu, Dennis Goeckel, and Don Towsley

Abstract—Gupta and Kumar established that the per node
throughput of ad hoc networks with multi-pair unicast traffic
scales with an increasing number of nodes n as λ(n) =
Θ(1/

√
n log n), thus indicating that performance does not scale

well. However, Gupta and Kumar did not consider network
coding and wireless broadcasting, which recent works suggest
have the potential to significantly improve throughput. Here,
we establish bounds on the improvement provided by such
techniques. For random networks of any dimension under either
the protocol or physical model that were introduced by Gupta
and Kumar, we show that network coding and broadcasting lead
to at most a constant factor improvement in per node throughput.
For the protocol model, we provide bounds on this factor. We
also establish bounds on the throughput benefit of network
coding and broadcasting for multiple source multicast in random
networks. Finally, for an arbitrary network deployment, we show
that the coding benefit ratio is at most O(log n) for both the
protocol and physical communication models. These results give
guidance on the application space of network coding, and, more
generally, indicate the difficulty in improving the scaling behavior
of wireless networks without modification of the physical layer.

Keywords: Ad Hoc Networks, Scaling Laws, Network
Coding, Wireless Broadcasting

I. INTRODUCTION

MULTI-HOP wireless networks have been intensively
studied in recent years for both commercial and gov-

ernment applications. Such networks, static or mobile, have
the potential to serve as either a self-contained network that
provides communication without the presence of an estab-
lished infrastructure, or as an ubiquitous bridge between end
users and the high speed wired infrastructure. Hence, issues of
the connectivity and capacity of such networks are of interest.

One major concern with wireless networks is scalability.
Under a traditional communication model without network
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coding, [1] studies the network capacity for randomly de-
ployed wireless networks. For multi-pair unicast traffic, which
means there are multiple unicast source destination pairs that
try to deliver the same data rate across all pairs, [1] shows
that the per node throughputs of such random networks scales
as λ(n) = Θ( 1√

n log n
), where n is the total number of nodes

in the network and each node sends to a randomly chosen
destination at a rate of λ(n). Thus, as the total number of
nodes increases, the pairwise throughput does not scale well.
To increase throughput, mobility [2] or hierarchical cooper-
ation involving physical layer modification [3] can achieve
a constant throughput at a cost of unbounded delay. Liu et.
al. [4] studies hybrid networks with infrastructure support and
finds that the infrastructure has to be sufficiently dense to make
a difference in the asymptotic order of the throughput.

Another thread of work is to study in-network computation.
The work by Ahlswede, Cai, Li and Yeoung [5] introduces the
concept of network coding (NC), and there has been tremen-
dous interest in applying network coding in both wired [6] and
wireless networks [7] [8] [9]. For the wired case, the benefit
of network coding in terms of throughput and capacity is often
limited. Specifically, for networks with bidirectional links that
can be modeled as an arbitrary undirected graph, [6] shows
that the throughput improvement is upper bounded by a factor
of two for the single source multicast case, and upper bounded
by one (no benefit) for the single source unicast or broadcast
case. In addition, it is conjectured that there is no throughput
benefit for the multi-pair unicast case; this is called the Li&Li
conjecture, which is still open with no counter-examples found
yet.

Wireless networks cannot be modeled as undirected graphs.
Network coding, combined with wireless broadcasting, can
potentially improve the performance on throughput [8], [9],
energy efficiency and congestion control [7], [8]. In addition,
recent work by Katti et al. [10] demonstrates the potential
throughput benefit of applying network coding to wireless
networks through constructive examples and experiments.
Since network coding was not taken into consideration in
Gupta&Kumar’s original work [1] and the related works that
followed, an interesting question raised after [10] is how
much throughput benefit can it provide in wireless networks.
Answering this question will help us to better understand not
only the benefit and limitations of network coding on the
capacity of wireless networks and networks in general, but also
the degree of scalability of random wireless networks, thus
providing design guidelines for the coverage ratio between
wireless mesh net and the infrastructure wired net in hybrid
networks.
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Fig. 1. An example demonstrating the benefit of Katti etc. [10]’s oppor-
tunistic coding scheme

The idea of [10] is to use network coding to combine (code
together) data from intersecting flows, and then broadcast this
coded information simultaneously to multiple next hop re-
ceivers. Each next hop relay node for a given flow decodes that
flow’s traffic based on all of the broadcasts that it has received
as well as on local information (source data generated locally).
In this way a node can potentially deliver multiple data flows
to multiple neighbors with a single broadcast transmission.
An example of this is shown in Fig. 1. Thus, intuitively
it appears that there could be a throughput benefit ratio
proportional to the expected number of neighbors, Θ(log n) in
the case of uniformly random deployed networks. However,
we demonstrate in this paper that such an improvement is
not possible for any network coding scheme under either the
protocol or physical models of Gupta and Kumar; in fact,
only a constant improvement in throughput can be achieved.
We further provide bounds on the scalar throughput benefit
ratio under the protocol model. A summary of these results is
provided in Table 1.

Next, our attention is turned to the multiple source multicast
problem in large random networks. For a constant number of
destination nodes nd per each of the ns = n source nodes,
we establish that the throughput benefit of network coding and
broadcasting is again bounded by a scalar. When the number
of source nodes is ns = nε and the number of destination
nodes is nd = n1−ε, the throughput improvement of network

coding and broadcasting is upper bounded by
√

log n
√

n1−ε.

Finally, in addition to asymptotic results that focus on a
randomly deployed network with a large number of nodes,
we also consider a wireless network with an arbitrary nodes
deployment and an arbitrary subset of the nodes as sources
and destinations. Under some stationarity assumptions on the
network coding solution, we show that the coding benefit ratio
is at most a factor of O(log n) in this case for one-dimensional,
two-dimensional, or three-dimensional spaces, where n is the
total number of sources and destinations.

The remainder of this paper is organized as follows. Section
II reviews related work. Section III introduces the physical and
protocol models for randomly deployed networks. Section IV
considers the throughput gain provided by network coding and
broadcasting for multi-pair unicast traffic by establishing the
unicast results in Table 1, whereas Section V considers the
multi-pair multicast case. Section VI considers the gain in
arbitrary networks. Section VII provides the conclusions.

II. RELATED WORK

Here, we briefly review other works that focus on the
throughput benefit provided by network coding (NC) [5] in
various scenarios. For the wired case, the benefit of network
coding in terms of throughput and capacity is often limited.
Specifically, for networks with bidirectional links that can be
modeled as an arbitrary undirected graph, [6] shows that the
throughput improvement is upper bounded by a factor of two
for the single multicast case, and nonexistent for the single
unicast or broadcast case.

Katti et al. [10] demonstrates the potential throughput ben-
efit of applying network coding to wireless networks through
constructive examples and experiments. Alimi et al. [11]
demonstrates by simulations that further throughput gain is
possible through mixed network layer coding and physical
layer superposition coding. Another work by Le et al. [12]
studies [10]’s type of point-to-point XOR coding based on
random access physical layers, where point-to-point coding
means that packets are decoded at each hop before being
forwarded on. [11] provides upper bounds on the maximum
number of packets that can be encoded together.

Under a different definition of the model for an arbitrary
network than considered here, the work of [13] shows that for
single source multicast, coding provides at most a constant
factor improvement on throughput. We hasten to note the
distinction of the arbitrary network model of [13] from that
of Section VI of this paper; in particular, [13] establishes the
constant improvement factor of network coding on transport
capacity when the transport capacity of each of the network
coding and the flow schemes is maximized over all possible
sets of source-destination specifications. In contrast, the re-
sult in Section VI applies to a single given (but arbitrary)
wireless network deployment and set of source-destination
specifications. In [13], a corollary to their main result and
Gupta&Kumar’s former result [1], Corollary 3, shows that
the throughput improvement provided by network coding in
the random network multi-pair unicast case is bounded by a
constant, thus providing an alternate proof for one of our main
results that was originally established in [14].

Finally, there are works subsequent to the preliminary
conference versions of this paper that extend our cut technique
of [14], [15] to other communication models such as multi-
packet reception (MPR), physical layer network coding (PNC)
and analog network coding (ANC) [16], [17], [18], [19], [20].

III. MODEL FORMULATION

We consider the network model of Gupta&Kumar [1],
where n nodes are randomly located, i.e., independently and
uniformly distributed, in a fixed size region. We do not
limit the shape of the region or its dimension. However, for
simplicity of presentation, we derive our results based on a
unit square.

There are n source-destination pairs in the network. Each
node i in the network is a data source that needs to route
its data through multi-hop wireless communications to a
destination node that is independently and uniformly randomly
chosen. The same protocol and physical communication mod-
els are employed as in Gupta&Kumar [1].
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Fig. 2. The protocol communication model

For the protocol model (see Fig. 2), a transmission from
node i to j is successful if and only if the distance between
them satisfies |Xi−Xj| ≤ r(n) and any other simultaneously
transmitting node k satisfies |Xk −Xj| ≥ (1+Δ)r(n). Here,
Xi is node i’s location, r(n) is the transmission radius and
Δ > 0 ensures a safety zone that limits the interference; in
particular, Δ is a constant that depends on the properties of
the wireless medium. In addition, there is a finite bandwidth
limit of W bits/sec for each transmission. In order to ensure
connectivity, the fixed transmission radius for the protocol
model needs to be at least r(n) = Θ(

√
log n/

√
n) [1].

In the physical communication model [1], each transmission
has a fixed power P , and a transmission from node i to j is
successful if the signal to interference plus noise ratio is above
a threshold:

P/rγ
i,j

N + Σk∈KP/rγ
k,j

≥ β (1)

where K is the node set of all other nodes that are simulta-
neously transmitting, N is the ambient noise power level and
β > 0 is the threshold.

The protocol model is a simple abstraction of the real
situation that provides a nice basis for analysis yet captures
the core interference effect of the real network, especially for
asymptotic analysis. The protocol model yields same order
throughput results as the physical model, which is a much
more realistic model that models the signal decaying and
interfering effect in wireless transmissions.

As in Gupta&Kumar [1], attention here is focused on the
data rate at which each node can send to its destination node. A
throughput λ(n) (bits/sec) is feasible if there exists a scheme
that achieves λ(n) on average. The throughput capacity of
such a random network is defined as the maximum throughput
that is feasible with high probability.

Here, transmission schemes correspond to the same type
of “spatial and temporal scheduling schemes that operate the
network in a multi-hop fashion and buffers at intermediate
nodes when awaiting transmissions” as in [1]. Two types of
schemes are considered: a flow scheme and a coding scheme. A
flow scheme is a non-coding scheme where data are routed as
commodity flows (duplication, forwarding, but no coding) and
thus the broadcast nature of the wireless medium is not helpful
for the flow scheme for the unicast task. Gupta&Kumar [1]
focus on the throughput of flow schemes. A coding scheme
is one that allows all of the operations in a flow scheme,

along with allowing messages received at each node to be
decoded/recoded; in other words, intermediate nodes can send
the results obtained from applying arbitrary functions to all
previously received bits and its own source data as long as
each destination node is able to decode the data intended for
it from all of its received bits and local data. Thus all possible
benefits of combining network coding and wireless broad-
casting as demonstrated in Katti etc. [10] are incorporated
in the considered coding schemes. The throughput capacity
is denoted as λF (n) for flow schemes and λC(n) for coding
schemes. The throughput benefit ratio of the coding scheme is
denoted as α(n) = λF (n)/λC(n). As in Gupta&Kumar [1],
all packets are independent of each other whether they are
from different sources or the same source.

IV. THROUGHPUT BENEFIT OF CODING SCHEMES FOR

MULTI-PAIR UNICAST TRAFFIC

In this section, we show that under either the protocol or
physical model, coding schemes provide at most a constant
factor improvement in throughput over flow schemes. In other
words, there exists some constant c (i.e. not dependent on
n) such that α(n) ≤ c. We also derive upper bounds for
the constant factor in the protocol model case. Although
our bounds are most conclusive in the one-dimensional case,
throughout this section we focus on the two-dimensional case
of most general interest, referring the interested reader to [15]
and [21] for the proofs and discussion of the results in Table
1 in other numbers of dimensions.

A. Sparsity Cut for a Random Network

In general, a cut Γ is defined as a partition of the nodes in
a graph, the cut capacity is the sum of the links’ bandwidths
crossing the cut, and the sparsity cut is a cut where the cut
capacity divided by the traffic demand is the minimum over
all cuts. Since the network studied here is a random deployed
network embedded in an Euclidean space and transmissions
are between neighboring nodes, attention can be focused on a
narrow class of cuts that are induced by a line segment that
cuts the region into two regions. The cut length lΓ is defined
as the length of the cut line segment. The cut lines that we
consider have zero width measure such that no nodes lie on
them. Denote the two subregions divided by the cut as Γ1 and
Γ2. A sparsity cut for a random network is defined as a cut
induced by the line segment with the minimum length that
separates the region into two equal area subregions. For the
square deployment region illustrated in Fig. 3, the line segment
AB induces a sparsity cut ΓAB . Since nodes are uniformly
randomly deployed in a random network, such a sparsity
cut captures the traffic bottleneck of these random networks
on average. The cut capacity is defined as (ΛΓ1,2 , ΛΓ2,1)
where ΛΓ1,2 equals the transmission bandwidth W times
the maximum possible number of simultaneous transmissions
(broadcast or non-broadcast) across the cut from Γ1 to Γ2;
and ΛΓ2,1 equals the same quantity from Γ2 to Γ1. This cut
capacity constrains the information rate that the nodes from
one side of the cut as a whole can deliver to the nodes at the
other side as a whole. The number of sources in Γ1 whose
destinations are in Γ2 is denoted as nΓ1,2

.
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Fig. 4. Interference of coding schemes in 2D

B. Throughput Order Improvement of the Coding Scheme in
the Protocol Model

The cut capacity is bounded by deriving an upper bound on
the maximum number of simultaneous transmissions across
the cut. It is easy to see that all of the direct receivers of
transmissions across a cut Γ in one direction lie in the shaded
rectangle region with area lΓ×r(n) as shown in Fig. 3. In [1],
disks of radius Δr(n)/2 centered at each receiver are disjoint;
otherwise, some sender is within (1 + Δ)r(n) of some other
sender’s receiver. However, [1] does not exploit broadcast
transmissions while a coding scheme does. As shown in
Fig. 4, with the consideration of broadcast and network coding,
observe that while disks centered at receivers of the same
sender (broadcast transmission) could overlap, disks centered
at receivers of different senders are still disjoint. In other
words, we make the following observation:

Observation 1: The union of disks (with radius Δr(n)/2)
centered at the receivers of one transmission should be disjoint
from the union of disks centered at the receivers of another
transmission.

Lemma 1: The capacity of a cut Γ for a 2D region has an
upper bound of cΔlΓW

r(n) where cΔ = max { 16
πΔ2 ,

√
3

Δ }
Proof: When Δ < 2, Observation 1 means each transmis-

sion across the cut consumes at least an area of 1
4π(Δr(n)

2 )2

of the shaded region in Fig. 3, with the minimum achieved
when a receiver lies in the corner of the shaded region. Thus,

)(
2

3
nr⋅Δ≥

A
r(n)

)(nrΔ

B

When Δ ≥ 2

Fig. 5. 2D Cut capacity: Δ ≥ 2 case

the maximum number of simultaneous transmissions across
the cut is upper bounded by the area of the shaded region
divided by 1

4π(Δr(n)
2 )2, which is 16lΓ

πΔ2r(n) .
When Δ ≥ 2, as shown in Fig. 5, any two receivers of

two different transmissions require a
√

3
2 Δr(n) difference in

their coordinates along the cut line. Thus, there can be at most
lΓ√

3Δr(n)/2
+1 ≤

√
3lΓ

Δr(n) simultaneous transmissions across the
cut.

Since each transmission is able to send W bits/sec, com-
bining the two cases above, the cut capacity is upper bounded
by ΛΓ1,2 ≤ cΔlΓW

r(n) and ΛΓ2,1 ≤ cΔlΓW
r(n) , where cΔ =

max { 16
πΔ2 ,

√
3

Δ }.
Corollary 1: The sparsity cut capacity of a 2D random

network has an upper bound of cΔW/r(n).
Proof: Regardless of the shape of the unit area region, the

sparsity cut must have a length lΓ ≤ 1, as follows. Cuts that
divide the region into two equal parts will pass through the
centroid of the region. Hence, if the sparsity cut has length
greater than one, all cuts across the centroid have a length
larger than 1 and the area of the region will be bigger than
1, which contradicts the unit area assumption. Hence, from
Lemma 1, we derive the corollary.

Next we derive an upper bound for the throughput of all
coding schemes in a 2D random network.

Theorem 1: The throughput of coding schemes in a 2D
random network is upper bounded by Θ( W

nr(n) ) = Θ( W√
n log n

)
Proof: Assume the coding throughput of the n node

random network is λC(n). Then, by its definition, with high
probability (w.h.p.) there exists some coding scheme that, for
some T < ∞, during each time interval [(i − 1)T, iT ] (in
seconds), every node can send TλC(n) bits of information to
its corresponding destination node. For a sparsity cut ΓAB in
the middle, by a Chernoff bound [22] argument, we have that
w.h.p. there are Θ(n) pairs of source-destination nodes that
need to cross ΓAB in one direction, i.e., nΓ1,2

= nΓ2,1
= Θ(n)

w.h.p.. Now we view all of the nodes lying on the right side
of AB as a super node, and treat all of the distinct messages
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it receives from the left side of AB within the time interval
[(i − 1)T, iT ] as a single ‘meta’ message M . We denote the
number of bits of M as BM . According to the definition of
our coding scheme, this meta message M can be arbitrarily
coded but with only one coding constraint: by Shannon’s
data compression theorem [23], in order for the right side
destination nodes to decode the original data from the left
side sources which are independent of each other, M has to
satisfy BM ≥ TnΓ1,2

λC(n) or BM ≥ TΘ(n)λC(n) w.h.p..
At the same time, we derive an upper bound on BM with

the support of Corollary 1. A broadcast transmission across
the cut to multiple receivers delivers identical information to
the receivers; however, by the definition of M , the identical
messages will only be counted once in M for one of the
receivers. Also by the definition of cut capacity and Corollary
1, we get BM ≤ cΔWT/r(n). Combined with the coding
constraint above, we derive λC(n) ≤ cΔW

Θ(n)r(n) w.h.p.. Since
r(n) is at least Θ(

√
log n/

√
n) to ensure connectivity [1], and

throughput is defined as a high probability quantity, we have
λC(n) ≤ cΔW/Θ(

√
n log n).

Theorem 2: The 2D throughput benefit ratio is upper
bounded by a constant: α(n) = Θ(1).

Proof: Gupta&Kumar [1] already establishes a lower
bound for the throughput of flow schemes, λF (n) ≥
Θ( c1W

(1+Δ)2
√

n log n
) where c1 > 0 is a constant. Combined

with Theorem 1, we get α(n) = λC(n)/λF (n) ≤ Θ(1).
Meanwhile, since the set of coding schemes includes all flow
schemes, α(n) ≥ 1, thus α(n) = Θ(1).

Observe that the constant throughput benefit ratio holds
for a random network deployed in any arbitrarily shaped
region. First, the upper bound for the throughput of the coding
scheme still holds. Second, the constructive lower bound
of Gupta&Kumar [1] can in fact be extended to arbitrarily
shaped regions, even though the asymmetry may cause the
constructive scheme in [1] to have a skewed load distribution
for some cut. Since the region is of fixed finite area, the
throughput loss due to the asymmetric shape will be a fixed
constant factor as n increases. Thus, we have shown that
network coding combined with wireless broadcast provides
no order-different improvement on the throughput of a random
network deployed in any arbitrarily shaped 2D region.

C. Bounds on the Throughput Benefit Ratio α in the Protocol
Model

Our technique for bounding the constant α is similar to
those we used in Subsection IV-B. We will first provide a
tighter upper bound for the capacity of the sparsity cut and
thus the coding scheme throughput λC(n); then, we construct
a tighter lower bound for the flow scheme throughput λF (n).

Define the two way cut capacity as the maximum possible
number of bits that can cross the cut concurrently, regardless
of direction. Note that an upper bound for the two way cut
capacity is automatically an upper bound for the one way cut
capacity.

Henceforth, the notation AB will refer to the line segment
between A and B, where A and B are points in the network
deployment space, and |AB| refers to the distance between A
and B.

Lemma 2: The two way capacity of a cut Γ for a 2D region
is upper bounded by W ( lΓ

Δr(n) + 1)
Proof: See Appendix A.

Theorem 3: The throughput of the coding scheme on a 2D
square random network is upper bounded by

λC(n) ≤ 2W

n

(
1

Δr(n)
+ 1

)
.

Proof: The proof is almost the same as that of Theorem
1, except that now we use the tighter bound for cut capacity
in Lemma 2, and we prove this by showing that for any given
constant ε > 0, λC(n) ≤ 2W

n(1−ε) (
1

Δr(n) + 1) for large n.
Theorem 4: The throughput of the flow scheme on a 2D

square random network is lower bounded by

λF (n) ≥ W

cΔ4
√

π(1 + Δ)nr(n)

where cΔ4 = max{2,
√

Δ2 + 2Δ}.
We use a similar technique as [24] that divides the area

into deterministic squarelets, but [24]’s focus is an alternative
proof of Gupta &Kumar’s capacity order result [1] while we
try to bound the constant factor here.

Proof: We show that, for any given constant ε > 0,
λF (n) ≥ W

cΔ4
√

π(1+Δ)(1+ε)nr(n)
for large n.

For the case of Δ < 1, we choose a larger transmission
radius r′(n) =

√
π√

Δ2+2Δ
r(n) than the r(n) required for

connectivity. We then divide the square region into square
cells of size

√
πr(n) × √

πr(n). By the same union bound
argument as in [25], with high probability each square cell
contains at least one node.

Locate the X axis on one edge of the square, and the Y axis
on the edge perpendicular to the first. We construct a scheme
that is a natural extension of the 1D scheme described in
detail in [15] and [21]. Set the transmission radius to r′(n),
and route along cells that lie on a line parallel to either the
X axis or Y axis. The scheduling and routing along parallel
lines to the axis has a phase for scheduling data routed to a
cell header node that can be randomly chosen in each cell
and a phase for scheduling routing between cell headers. The
scheduling is evenly distributed along the line. See [15] and
[21].

To deal with the interference between the parallel lines of
routing, we do time division multiplexing between the lines.
Time is slotted and assign half of the time to transmitting
data along lines parallel to X , and the rest of the time to
transmitting data along lines parallel to Y . In addition, only
transmissions along every other line are scheduled at a given
time, while the other lines remain silent. Thus, each line is
scheduled to transmit every 4 time slots. Data is routed parallel
to the X axis until it reaches a cell that is in the same Y line as
the destination cell; then, it starts to route along a line parallel
to the Y axis.

We can show by a Chernoff bound and union bound, the
load among lines is asymptotically balanced (equally loaded);
more specifically, with high probability the ratios of the loads
between all pairs of lines is arbitrarily close to 1 for large n.
Then, using analogous results from the 1-D case [15], [21],
we evaluate the cut capacity utilization level and derive the
lower bound, λF (n) ≥ W

2
√

π(1+Δ)(1+ε)nr(n)
for large n.
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For the case Δ > 1, we choose r′(n) =
√

πr(n). Again,
time is slotted and now each line is scheduled to transmit every
2
√

Δ2 + 2Δ time slots lines instead of every two lines. Thus
a throughput of W√

Δ2+2Δ
√

π(1+Δ)(1+ε)nr(n)
is achievable for

this case. Combining these two cases proves the theorem.
Theorem 5: The throughput improvement of the flow

scheme on a 2D square random network is upper bounded
by

α(n) ≤ 2cΔ4

√
π

(1 + Δ)
Δ

for large n, where cΔ4 = max{2,
√

Δ2 + 2Δ}
Proof: This result follows from Theorems 3 and 4.

D. Throughput Order Improvement of the Coding Scheme in
the Physical Model

Denote the coding scheme and flow scheme throughputs
under the physical model as λp

C(n) and λp
F (n) correspond-

ingly. We assume β > 1 in (1) which is true for most wireless
communication systems. Under the physical model, receivers
could lie in a line vertical to the cut line. However, there are
still certain geometric properties that the transmissions need
to satisfy. We have the following lemma, which is actually
also true under the protocol model.

Lemma 3: Under both the physical and protocol models,
for any two transmissions across a cut, S1 → R1 and S2 →
R2

1, the line segments S1R1 and S2R2 have no intersection
point and S1S2 cannot be perpendicular to the cut line.

Proof: The proof is similar to that of Lemma 5. Now
we connect S1S2, and draw the perpendicular bisector h of
S1S2. For any communication model, protocol or physical,
|S1R1| < |S2R1|, |S2R2| < |S1R2| is always true. Thus S1

and R1 lie on one side of h, and S2 and R2 lie on the opposite
side. So S1R1 and S2R2 can never intersect (this is in general
true for any two transmissions, not necessarily two across a
cut). Now, if S1S2 is perpendicular to the cut line, h is parallel
to the cut line. Then, since S1 and R1 lie on one side of h
and S2 and R2 the other, one of the transmissions would not
cross the cut. Thus, S1S2 cannot be perpendicular to the cut
line.

Theorem 6: The coding throughput of a 2D random net-
work under the physical model is upper bounded by

λp
C(n) ≤ Θ(W/

√
n)

for large n.
Proof: As shown in [1], (1) implies that

rk,j ≥ (1 + Δ)ri,j (2)

for all k ∈ K , where K is the node set of all other nodes
that are simultaneously transmitting and Δ = β

1
γ − 1. Since

β > 1, we always have Δ > 0.
Under the physical model, nodes can transmit with any hop

distance r so long as the signal to noise ratio is satisfied. We
order the transmissions across the cut in one direction in the
same way as in Lemma 6. Now, senders are on one side of the
cut line since we focus on the one way cut capacity. Applying

1Note that each transmission could have multiple receivers, we just pick
any one of them.

Lemma 3 and (2), we argue in a similar way as Lemma 2. We
have Sj(x) − Sj−1(x) ≥ Δ min{rj , rj−1} for j = 2, . . . , m
where m is the total number of transmissions across the cut
in one direction and rj = |SjRj |. The sparsity cut line has
unit length; thus, we have

Σm
j=2 min{rj , rj−1} ≤ 1/Δ. (3)

Consider a band region of size 2√
n
×|AB| with the cut line in

the center; by a Chernoff bound argument, we know that with
high probability the number of nodes in this region is less than
or equal to 3

√
n; thus, there are at most 3

√
n transmissions

with a radius less than 1√
n

across the cut. Then there are at
least m−9

√
n transmissions crossing the cut such that any one

of them has Sj′Rj′ satisfying min{rj′ , rj′−1, rj′+1} ≥ 1√
n

.
Then, by (3), we have

(m − 9
√

n)
1√
n
≤ 1

Δ
⇒ m ≤ Θ(

√
n).

Thus, we obtain an order upper bound for the sparsity cut
capacity, and then derive an upper bound for the coding
throughput in the same way as we did for the protocol model
in Theorem 3.

Theorem 7: (Franceschetti et al. [26]) For any wireless
medium with γ > 2, the flow throughput of a 2D physical
random network is lower bounded by

λp
F (n) ≥ Θ(W/

√
n)

for large n.
Theorem 8: For any wireless medium with γ > 2, the

throughput benefit ratio of a 2D physical random network
is a constant, and λp

F (n) = λp
C(n) = Θ(W/

√
n).

Proof: This follows from Theorems 6 and 7.
Thus, we have established that coding schemes provide no

more than a constant factor throughput improvement over flow
schemes for the physical communication model.

V. THROUGHPUT BENEFIT BOUND FOR MULTI-SOURCE

MULTICAST

For flow schemes, [27] shows the capacity for single session
multicast and [28] shows the multicast capacity for multiple
source multicast. To our knowledge, there has been no study
on the benefit of network coding on multiple source multicast
in wireless networks.

We use the same random deployment model as in previous
sections and focus on the protocol communication model.
There are ns sources randomly chosen from the n nodes, and
each is a source for nd randomly chosen destination nodes.
We still use λF (n) and λC(n) to denote the flow and coding
throughput per session, respectively, with the modification
that, in the multicast case, each session’s throughput is the
data rate to each of the nd receivers from the source.

First we study the case when ns = n and nd = Θ(1),
and we show that network coding provides at most a constant
factor gain in this case. Then we study the case when ns = nε

and nd = n1−ε and upper bound the network coding benefit
ratio for both 1D and 2D networks.

The following theorem that bounds the coding gain in
multicast networks is a direct corollary of Theorem 1.
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Theorem 9: The multicast coding gain of a random network
with n sources each with Θ(1) random destinations is upper
bounded by a constant.

Proof: The cut technique employed in the unicast case
is still valid. So Theorem 1 holds. In addition, if we treat
each session’s Θ(1) receivers as Θ(1) independent unicast
sessions from the source, then a lower bound of the same
order is established for the throughput of the flow scheme
from Gupta&Kumar’s result. Thus, when nd = Θ(1), we have
α(n) = Θ(1).

Now we consider the case when ns = nε and nd = n1−ε, as
in [28]. We consider two cases here: 1D and 2D networks. The
1D deployment makes the routing combinatorics much sim-
pler and we are able to derive tight bounds on the throughput
and, thus, coding benefit ratio.

Theorem 10: The multicast coding gain of a 1D random
network with nε sources each with n1−ε random destinations
is upper bounded by 1+Δ

1+Δ/2 .
The proof applies the same argument as in Theorem 5 and 6

of [15], with the only difference being that, instead of having
roughly n/4 sources that need to cross the sparsity cut, now
w.h.p. we will have close to nε/2 sources that need to cross
the sparsity cut. The reason is that as n become large, the
n1−ε receivers for each source guarantees that each source
must send traffic across the sparsity cut. Thus, with the same
argument as in Theorems 5 and 6 of [15], we obtain λF (n) =

W
(1+Δ)nε , λC(n) = W

(1+Δ/2)nε and α(n) = 1+Δ
1+Δ/2 .

For the 2D networks, we use two techniques to upper bound
the coding throughput. First notice that Lemma 1 still holds.
Applying the same proof as in Theorem 1 with Θ(nε) sources
that need to cross the cut, we have

λC(n) ≤ Θ
(

W

nεr(n)

)
(4)

The second technique bounds the coding benefit ratio
through an information distance metric.

Lemma 4: The network coding benefit ratio, α(n), for a
multicast random wireless network with ns = nε, nd = n1−ε

is α(n) = O(r(n)
√

n
√

log n)
Proof: We need a lowerbound on λF (n) and an upper-

bound on λC(n). It has been shown in [28] that

λF (n) = Θ
(

1√
nε log n

)

Thus we focus on λC(n).
Any coding scheme disseminates data from ns mutually

independent sources to the nsnd destinations. With high
probability, each bit of data must traverse a distance that
is at least L(nd) = Θ(

√
nd). Although established in the

context of flow schemes, [28], it holds more generally for
any coding scheme. The potential benefit of network coding
is that one transmission can potentially deliver information to
more than one node. In particular, one coding transmission
potentially delivers information to O(nπr2(n)) nodes (whp),
where the distance to a neighbor is at most r(n). Thus each
transmission contributes O(nr3(n)) bit.meters (whp). As the
total number of simultaneous transmissions is upperbounded
by 1/(πr2(n)), the total number of bit.meters accumulated
in one transmission interval is O(nr(n)) (whp). Now, λC(n),

the coding scheme throughput, equals the ratio of number of
bit.meters produced per session per unit time divided by the
number of meters that a bit must traverse. Thus

λC(n) =
O(nr(n))
nsL(nd)

=
O(nr(n))
nsΘ(

√
nd)

= O(r(n)
√

n1−ε)

This coupled with the expression for λF (n) above yields the
desired result.

Theorem 11: The network coding throughput gain is upper

bounded by O(
√

log n
√

n1−ε) for randomly deployed 2D
wireless networks.

Proof: [28] shows that the flow throughput is
Θ( W√

nε log n
). Combined with (4), this yields an upper bound

on the coding scheme benefit ratio, α(n) = O(
√

log n√
nεr(n)

).
On the other hand Lemma 4 provides another upper bound,
α(n) = O(r(n)

√
n
√

log n). Thus,

α(n) = min
{

O(
√

log n√
nεr(n)

), O(r(n)
√

n
√

log n)
}

. (5)

The order of this upper bound is maximized when r(n) =
Θ(n− 1+ε

4 ). Si nce the coding benefit ratio is the maximum
coding benefit over all possible r(n)s, we app ly r(n) =
Θ(n− 1+ε

4 ) to (5) and get an upper bound for the coding

throughput benefit ratio as O(
√

log n
√

n1−ε).

VI. THROUGHPUT BENEFIT BOUND FOR ARBITRARY

NODE DEPLOYMENTS

We begin by first reviewing results from wireline networks
that will be employed below. A wireline network can be
represented by a graph, and the min cut of the graph induces
an upper bound on the throughput. Given an arbitrary directed
graph, Leighton and Rao [29] show that, the max flow for
several variations of the multicommodity flow problem on a
wireline network is within an O(log n) factor of the upper
bound implied by the min-cut, where n is the total number of
nodes in the network. We first review the result in [29] in the
context of our application, state the necessary assumptions,
and then state and prove our result.

Consider a directed graph G(V, E), where V is the vertex
set and E is the edge set. There is a capacity ce associ-
ated with each edge e ∈ E. Let S ⊆ V denote a set
of vertices generating demands and assume equal demands
D(u, v) = 1 (without loss of generality) for all u, v ∈ S,
u 
= v. Define a cut to be (U, Ū) where Ū = V \U 
= ∅.
Let 〈U, Ū〉 = {(vi, vj)|vi ∈ U, vj ∈ Ū}. The cut capacity
is defined as C(U, Ū) =

∑
e∈〈U,Ū〉 ce. Let D(U, Ū) =∑

u∈U∩S

∑
v∈Ū∩S 1 denote the aggregate traffic demand be-

tween sources in U and destinations in Ū . We use the term
sparsity to denote C(U, Ū)/D(U, Ū). Define the minimum
sparsity ξ of G as

ξ = min
U⊂V

C(U, Ū)
D(U, Ū)

, (6)

and, as before, a sparsity cut Γs refers to a cut that has the
minimum sparsity. A consequence of Theorem 17 in [29] is
that the maximum flow for the multicommodity flow problem
is within a log n factor of the sparsity cut where n denotes
the size of S.



8 IEEE JOURNAL ON SELECTED AREAS IN COMMUNICATIONS, VOL. 27, NO. 5, JUNE 2009

We now focus on a wireless network. Let V ′ denote the
set of nodes, S′ denote the set of source/destinations with
cardinality n. Let ΥC denote a specific network coding scheme
that determines when nodes are allowed to transmit, what data
is coded and decoded, and what routes data takes. Define a
node set m as v’s neighbor receiver set if nodes in m are all
the sucessful receivers of some broadcast transmissions from
v under ΥC . Let N(v) denote the set of all neighbor receiver
sets that node v ∈ V ′ has successfully broadcast data to under
ΥC , m ∈ N(v). Let {Au,v(t)} denote the arrival process for
source u and destination v, u, v ∈ V ′, i.e., Au,v(t) denotes the
number of bits that arrive at u destined for v in the interval
[0, t). Last, let Ru,v(t) denote the number of bits decoded by
v ∈ V ′ that originated from u ∈ V ′. We make the following
assumptions regarding ΥC and {Au,v(t)}:

1) Long term per session arrival rates exist and without
loss of generality, are equal to one,

lim
t→∞

Au,v(t)
t

= 1, ∀u, v ∈ S′

2) Network conservation of flow, in other words

lim
t→∞

Ru,v(t)
t

= 1, ∀u, v ∈ S′

3) The long-term data rate broadcasted from a node to
each of its neighbor receiver sets exists. In particular,
let bu,m(t), denote the total amount of data delivered by
broadcast transmissions from u to the neighbor receiver
set m ∈ N(u) by time t under ΥC .

cu,m = lim
t→∞

bu,m(t)
t

, ∀u ∈ V ′; m ∈ N(u)

Theorem 12: Whenever a network coded network satisfies
the assumptions above, there exists a flow-based network that
can achieve source destination throughputs within a factor of
log n of those of the network coded network.

Proof: We first map the coding network into a directed
graph, and then apply the Leighton/Rao result to prove the
theorem.

Consider coding scheme ΥC . Focus on node u ∈ V ′. For
each neighbor receiver set m ∈ N(u) such that cu,m > 0,
create a virtual node vu,m and add a directed edge (u, vu,m)
with capacity cu,m and infinite capacity edges (vu,m, v), ∀v ∈
m.

Denote the resulting directed graph G0 = (V0, E0) and take
the same set of sources and destinations to be S′. Given that
the flow rate out of the network equals the flow rate in, it
follows that the minimum sparsity, ξ ≥ 1. By Theorem 17 of
[29], there exists a multicommodity flow routing solution ΥF

that achieves per session rates of Ω(ξ/ log n) = Ω(1/ logn).
This solution determines how flow is routed though the net-
work. The method used to construct the directed graph based
on {cu,m : m ⊆ N(u); u ∈ V ′} guarantees the existence of
schedules at all nodes to support this routing scheme.

Note that if we change the traffic demand assumption to be
symmetric only, i.e., D(u, v) = D(v, u), then based on the
O(log3 n) max-flow min-cut result established in [30], [31]
and following the exact same proof above, we show that the
flow based scheme can achieve throughputs within a factor of
log3 n of those of the network coding scheme.

VII. CONCLUSIONS

As summarized in Table I, under the random network
framework of [1], we have shown that the network coding
and broadcasting benefit is upper bounded by a constant in
the multiple unicast scenario for both the protocol model and
the physical model, and we have bounded this constant for the
protocol model. The bounds on the constant are still loose,
and we suspect that the constant factor is quite a bit smaller;
specifically, we conjecture it is 2, and proving it even partially
may involve solving the well-known Li&Li conjecture [6],
which is still open. The reason for conjecture that the gain is
2 is because network coding can only potentially improve the
outgoing information rate from a node, while the incoming
information rate is still constrained as previously, and the
information flow conservation law requires a balance between
outgoing and ingesting rate at a node. Bounds on the benefit
of network coding and broadcasting in the multiple source
multicast case and for the multiple unicast case in an arbitrary
network have also been presented.

Our work, combined with the previous work of [6], is
negative about network coding’s utility for improving network
capacity. However, in general, we believe that what we have
learned is not that network coding is not helpful, but rather
better guidance on where network coding’s true advantage lies.
We feel the key utility of network coding lies in its ability
to blur the information’s identities. For communication in
lossy, unstable, dynamic environments (e.g. Delay/Disruption
Tolerant Networks (DTN)), distributed storage/recoveries in
disaster, fault-tolerant situations (e.g. growth codes [33]) etc.,
network coding’s ability to blur the information identities can
help to balance out the risks and redistribute them uniformly
across all packets, which could benefit the delay, reliability and
robustness of the system. If we think about the capacity benefit
of network coding on directed graphs, the benefit essentially
also comes from its ability to blur the information identity.
For our case of bidirectional wireless networks modeled as
using lossless communication channels, even though network
coding is able to blur the information identities, the overall in-
formation content cannot be compressed with network coding
and thus the capacity gain for this case is limited.

APPENDIX

A. Proof of Lemma 2

Lemma 5: For any two transmissions across a cut, S1 →
R1 and S2 → R2

2, the line segments S1R1 and S2R2 do not
intersect and R1R2 cannot be perpendicular to the cut line.

Proof: As shown in Fig. 6, draw the perpendicular
bisector h of R1R2. By the protocol communication model,
we know |S1R1| ≤ |S1R2| and |S2R2| ≤ |S2R1|. Thus
S1 and R1 lie on one side of h and S2 and R2 lie on the
opposite side. Hence S1R1 and S2R2 cannot intersect. If
R1R2 is perpendicular to the cut line, as we see in Fig. 6,
then h is parallel to the cut line. Therefore, one of the
senders must lie at the same side of the cut line as the
receiver, contradicting the assumption of the lemma. Thus,
R1R2 cannot be perpendicular to the cut line.

2Note that each transmission could have multiple receivers, we just pick
any one of them.
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TABLE I
ASYMPTOTIC CAPACITY RESULTS FOR NETWORK CODING AND FLOW SCHEMES IN RANDOM NETWORKS, WHERE W BITS/SEC IS THE BANDWIDTH

LIMIT FOR EACH TRANSMISSION, Δ IS A CONSTANT THAT DEPENDS ON THE PROPERTIES OF THE WIRELESS MEDIUM, cΔ4 = max{2,
√

Δ2 + 2Δ},
cΔ3 = min{ 192

πΔ3 , 256√
3πΔ2 }.

Model Flow Throughput λF (n) Coding Throughput λC(n) Benefit ratio α(n) =
λC(n)
λF (n)

Unicast Protocol Model

1D 2W
(1+Δ)n

2W
(1+Δ/2)n

1+Δ
1+Δ/2

2D ≥ W
cΔ4

√
π(1+Δ)nr(n)

≤ 2W
n(1−ε)

( 1
Δr(n)

+ 1) ≤ 2cΔ4
√

π 1+Δ
Δ

3D Θ( W
(1+Δ)2

√
n log n

) [32] ≤ cΔ3W

nr(n)2
Θ(1)

kD Θ( W
k
√

n log k−1n
) Θ( W

k
√

n log k−1n
) Θ(1)

Unicast Physical Model 1D Θ(W
n

) Θ(W
n

) Θ(1)

2D Θ( W√
n

) [26] Θ( W√
n

) Θ(1)

Multicast Protocol Model 1D W
(1+Δ)nε

W
(1+Δ/2)nε

1+Δ
1+Δ/2

2D Θ(W
√

n1−ε√
n log n

) ≤ min{O
“

W
nεr(n)

”
, O(W

√
n1−εr(n))} O(

q
log n

√
n1−ε)

X

R1R2

S1 S2

R1

S1
S2

R2

R1

S1

S2

R2

Cut line

no intersecting 
transmissions

no receivers in a line 
vertical to the cut 

line

Y

A

h

h

Not  allowed

Fig. 6. Geometric properties of transmissions across a cut

Next, we construct a coordinate system for a cut AB. Let
A be the origin, the line of AB be the X axis, and a line
perpendicular to AB be the Y axis (see Fig. 7). We denote
the X coordinate of a node R by R(x). Order all of the
simultaneous transmissions across the cut by their intersecting
points with the X axis (the cut line), from small X coordinates
to large ones. Label the sender-receiver pairs of the ordered
transmissions as S1 → R1, S2 → R2, . . ., Sm → Rm, where
m is the total number of scheduled simultaneous transmis-
sions across the cut. Denote Xk = max{Sk(x), Rk(x)} for
1 ≤ k ≤ m and X0 = 0.

Lemma 6: Xk − Xk−1 ≥ Δr(n) for all 2 ≤ k ≤ m.
Proof: W.l.o.g., consider the first two consecutive trans-

missions in the ordered list S1 → R1 and S2 → R2. By
Lemma 5, we know R2(x) > R1(x); otherwise the ordering
should be switched.

Scenario 1: We first consider scenario 1 as shown in Fig. 7,
where the senders are on one side of the cut and the receivers
are on the other. Fig. 7 shows the case for S1(x) ≤ R1(x).
There are two possibilities for R2(y): either R2(y) ≤ R1(y)
or R2(y) > R1(y).

When R2(y) ≤ R1(y), from the facts that |S1R2| ≥ (1 +
Δ)r(n), |S1R1| ≤ r(n), S1(x) ≤ R1(x) and S1(y) < R1(y)
we easily get R2(x) − R1(x) > Δr(n); thus, X2 − X1 >
Δr(n).

When R2(y) > R1(y) as shown in Fig. 7, we look at the tri-

X

R1

S1 S2

)()1( nrΔ+≥

≤ r(n)

R2

θ

Cut line
E

F

φ

Y

A

Fig. 7. Tighter bound for packing transmissions across a cut: Scenario 1

angle R1R2S2. By the protocol model, |R1S2| ≥ (1+Δ)r(n),
|R2S2| ≤ r(n). From R2, drawing R2F⊥R1S2 where F
resides on R1S2, we have |R1F | ≥ |R1S2|−|R2S2| ≥ Δr(n).
Note that F has to lie between R1 and S2, since φ < 90o

(because |R1S2| > |R2S2|). Now, from R1 draw a line R1E
parallel to the X axis, and from R2 draw R2E perpendicular
to R1E and intersecting with R1E at E. It is easy to see
that |R1E| = R2(x) − R1(x). Since S2(y) < R1(y), θ < φ.
Thus |R1E| > |R1F |; then, R2(x) − R1(x) > Δr(n) and
X2 − X1 > Δr(n).

Combining these two cases, yields X2 − X1 > Δr(n) for
the situation when S1(x) ≤ R1(x). A similar argument applies
when S1(x) > R1(x).

Scenario 2: The other scenario is when the two senders are
on different sides of the cut. This scenario divides into two
cases.

Case a): When S2(y) > R1(y), as shown in Fig. 8, using
a similar argument we can show |R1E| > |R1F | > Δr(n);
thus, X2 − X1 > Δr(n).

Case b): Fig. 9 shows the other case, when S2(y) ≤
R1(y). We deduce from the figure that S2(x) − R1(x) ≥√

Δ2 + 2Δr(n) > Δr(n).
By the axis symmetry of the cut line and sender-receiver

symmetry we have X2 − X1 > Δr(n) for this scenario.
Combining Scenario 1 and Scenario 2, and noting that

S1R1 and S2R2 are an arbitrary adjacent pair of transmissions
anywhere in the ordered list {· · · , SkRk, · · · , 1 ≤ k ≤ m},
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X

R1

S1

S2

)()1( nrΔ+≥

≤ r(n)

R2

θ
Cut line

E

F

φ

Fig. 8. Tighter bound for packing transmissions across a cut: Scenario 2
case a

X

R1

S1

S2

)()1( nrΔ+≥

≤ r(n)

R2

Cut line G

( ) )(22 nrΔ+Δ≥

Fig. 9. Tighter bound for packing transmissions across a cut: Scenario 2
case b)

the Lemma is proved.
Applying Lemma 6 to the fact that

∑
1≤k≤m(Xk−Xk−1) ≤

lΓ yields Lemma 2.

REFERENCES

[1] P. Gupta and P. R. Kumar, “The capacity of wireless networks,” IEEE
Transactions On Information Theory, vol. 46, pp. 388–404, Mar. 2000.

[2] M. Grossglauser and D. Tse, “Mobility increases the capacity of ad-hoc
wireless networks,” in INFOCOM, 2001.

[3] O. L. A. Ozgur and D. Tse, “Hierarchical cooperation achieves optimal
capacity scaling in ad hoc networks,” IEEE Transactions on Information
Theory, vol. 53, pp. 3549–3572, October 2007.

[4] B. Liu, P. Brass, O. Dousse, P. Nain, and D. Towsley, “Mobility improves
coverage of sensor network,” in ACM MobiHoc, 2005.

[5] R. Ahlswede, N. Cai, S. Li, and R. Yeung, “Network information flow,”
IEEE Transactions on Information Theory, vol. 46, pp. 1204–1216, July
2000.

[6] Z. Li and B. Li, “Network coding in undirected networks,” in CISS,
2004.

[7] S. Deb, M. Effros, T. Ho, D. R. Karger, R. Koetter, D. S. Lun,
M. Medard, and N. Ratnakar, “Network coding for wireless applications:
A brief tutorial,” in IWWAN, 2005.

[8] D. S. Lun, M. Medard, and R. Koetter, “Efficient operation of wireless
packet networks using network coding,” in IWCT, 2005.

[9] D. S. Lun, M. Medard, and R. Koetter, “Network coding for efficient
wireless unicast,” in IEEE International Zurich Seminar on Communi-
cations, 2006.

[10] S. Katti, D. Katabi, W. Hu, and R. Hariharan, “The importance of being
opportunistic: Practical network coding for wireless environments,” in
Allerton, 2005.

[11] R. Alimi, L. Li, R. Ramjee, H. Viswanathan, and Y. Yang, “ipack: in-
network packet mixing for high throughput wireless mesh networks,” in
INFOCOM, 2008.

[12] J. Le, J. C. S. Lui, and D. M. Chiu, “How many packets can we encode?
- an analysis of practical wireless network coding,” in INFOCOM, 2008.

[13] A. Keshavarz-Haddad and R. Riedi, “Bounds on the benefit of network
coding: Throughput and energy saving in wireless networks,” in INFO-
COM, 2008.

[14] J. Liu, D. Goeckel, and D. Towsley, “The throughput order of ad hoc
networks employing network coding and broadcasting,” in MILCOM,
2006.

[15] J. Liu, D. Goeckel, and D. Towsley, “Bounds on the gain of network
coding and broadcasting in wireless networks,” in INFOCOM, 2007.

[16] J. J. Garcia-Luna-Aceves, H. R. Sadjadpour, and Z. Wang, “Challenges:
towards truly scalable ad hoc networks,” in MobiCom, 2007.

[17] J. J. Garcia-Luna-Aceves, H. R. Sadjadpour, and Z. Wang, “Extending
the capacity of ad hoc networks beyond network coding,” in IWCMC,
2007.

[18] J. J. Garcia-Luna-Aceves, H. R. Sadjadpour, and Z. Wang, “The capacity
and energy efficiency of wireless ad hoc networks with multi-packet
reception,” in MobiHoc, 2008.

[19] K. Lu, S. Fu, and Y. Qian, “Capacity of random wireless networks:
Impact of physical-layer network coding,” in ICC, 2008.

[20] C. Chen and H. Xiang, “The throughput order of ad hoc networks with
physical-layer network coding and analog network coding,” in ICC,
2008.

[21] J. Liu, On Joint Coding and Combinatorial Optimization in Communi-
cation Networks. University of Massachusetts Amherst, 2008.

[22] R. Motwani and P. Raghavan, Randomized algorithms. Cambridge
University Press, 1995.

[23] T. Cover and J. Thomas, Elements of Information Theory. Wiley Series
in Telecommunications, New York, NY, USA: John Wiley & Sons, 1991.

[24] S. Kulkarni and P. Viswanath, “A deterministic approach to through-
put scaling in wireless networks,” IEEE Transactions On Information
Theory, vol. 50, no. 6, pp. 1041–1049, 2004.

[25] P. Kumar, “A correction to the proof of a lemma in ‘the capacity of
wireless networks’,” IEEE Transactions on Information Theory, vol. 49,
p. 3117, November 2003.

[26] M. Franceschetti, O. Dousse, D. Tse, and P. Thiran, “On the throughput
capacity of random wireless networks,” IEEE Transactions on Informa-
tion Theory, 2006.

[27] P. Jacquet and G. Rodolakis, “Multicast scaling properties in massively
dense ad hoc networks,” in ICPADS, 2005.

[28] S. Shakkottai, X. Liu, and R. Srikant, “The multicast capacity of large
multihop wireless networks,” in MobiHoc, 2007.

[29] T. Leighton and S. Rao, “Multicommodity max-flow min-cut theorems
and their use in designing approximation algorithms,” Journal of ACM,
vol. 46, no. 6, pp. 787–832, 1999.

[30] G. Even, J. Naor, B. Schieber, and M. Sudan, “Approximating minimum
feedback sets and multicuts in directed graphs,” Algorithmica, vol. 20,
pp. 151–174, 1998.

[31] P. Klein, S. Plotkin, S. Rao, and E. Tardos, “Bounds on the max-flow
min-cut ratio for directed multicommodity flows,” Algorithmica, vol. 22,
pp. 241–269, 1997.

[32] P. Gupta and P. Kumar, “Internets in the sky: The capacity of three
dimensional wireless networks,” 2001.

[33] A. Kamra, J. Feldman, V. Misra, and D. Rubenstein, “Growth codes:
Maximizing sensor network data persistence,” in SIGCOMM, 2006.

Junning Liu received his B.E. in Engineering
Physics and M.S. in Pattern Recognition and Intelli-
gent Systems both from Tsinghua University, China.
He received his Ph.D. degree in Computer Science
from University of Massachusetts at Amherst in
2008. He is currently a research engineer at youtube,
Google.

His research interests include joint coding and
combinatorial optimization, network coding, wire-
less networks, collaborative filtering and personal-
ized recommendation algorithms.



LIU et al.: BOUNDS ON THE THROUGHPUT GAIN OF NETWORK CODING IN UNICAST AND MULTICAST WIRELESS NETWORKS 11

Dennis Goeckel split time between Purdue Univer-
sity and Sundstrand Corporation from 1987-1992,
receiving his BSEE from Purdue in 1992. From
1992-1996, he was a National Science Foundation
Graduate Fellow and then Rackham Pre-Doctoral
Fellow at the University of Michigan, where he
received his MSEE in 1993 and his Ph.D. in 1996,
both in Electrical Engineering with a specialty in
Communication Systems. In September 1996, he
joined the Electrical and Computer Engineering de-
partment at the University of Massachusetts, where

he is currently a Professor. His current research interests are in the areas of
communication systems and wireless network theory.

Dr. Goeckel was the recipient of a 1999 CAREER Award from the
National Science Foundation for ”Coded Modulation for High-Speed Wireless
Communications”. He was a Lilly Teaching Fellow at UMass-Amherst for
the 2000-2001 academic year and received the University of Massachusetts
Distinguished Teaching Award in 2007. He served as an Editor for the IEEE
Journal on Selected Areas in Communications: Wireless Communication
Series during its transition to the IEEE Transactions on Wireless Commu-
nications from 1999-2002, a Technical Program Committee Co-Chair for the
Communication Theory Symposium at IEEE Globecom 2004, and a Technical
Program Committee Co-Chair for the Wireless Communications Symposium
at IEEE GlobeCom 2008. He is currently an Editor for the IEEE Transactions
on Communications.

Don Towsley holds a B.A. in Physics (1971) and a Ph.D. in Computer
Science (1975) from University of Texas. He is currently a Distinguished
Professor at the University of Massachusetts in the Department of Computer
Science.He has held visiting positions at IBM T.J. Watson Research Center,
Yorktown Heights, NY; Laboratoire MASI, Paris, France; INRIA, Sophia-
Antipolis, France; AT&T Labs - Research, Florham Park, NJ; and Microsoft
Research Lab, Cambridge, UK. His research interests include networks and
performance evaluation. He currently serves as Editor-in-Chief of IEEE/ACM
Transactions on Networking, and on the editorial boards of Journal of the
ACM and IEEE Journal on Selected Areas in Communications and has
previously served on numerous other editorial boards. He was Program Co-
chair of the joint ACM SIGMETRICS and PERFORMANCE’92 conference,
the Performance 2002 conference, and INFOCOM’09. He is a member of
ACM and ORSA. He has received the 2007 IEEE Koji Kobayashi Award, the
2007 ACM SIGMETRICS Achievement Award,the 2008 ACM SIGCOMM
Lifetime Achievement Award, a 2008 SIGCOMM Test-of-Time Paper Award,
the 1998 IEEE Communications Society William Bennett Best Paper Award,
and numerous conference/workshop best paper awards. Last, he has been
elected Fellow of both the ACM and IEEE.



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket true
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.1000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize false
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage false
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Remove
  /UsePrologue false
  /ColorSettingsFile (None)
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages false
  /ColorImageDownsampleType /Average
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages false
  /GrayImageDownsampleType /Average
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages false
  /MonoImageDownsampleType /Average
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e9ad88d2891cf76845370524d53705237300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc9ad854c18cea76845370524d5370523786557406300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <FEFF9ad854c18cea306a30d730ea30d730ec30b951fa529b7528002000410064006f0062006500200050004400460020658766f8306e4f5c6210306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103055308c305f0020005000440046002030d530a130a430eb306f3001004100630072006f0062006100740020304a30883073002000410064006f00620065002000520065006100640065007200200035002e003000204ee5964d3067958b304f30533068304c3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020ace0d488c9c80020c2dcd5d80020c778c1c4c5d00020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken die zijn geoptimaliseerd voor prepress-afdrukken van hoge kwaliteit. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Cadmus MediaWorks settings for Acrobat Distiller 8)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /ConvertToCMYK
      /DestinationProfileName ()
      /DestinationProfileSelector /DocumentCMYK
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure false
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles false
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /DocumentCMYK
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /UseDocumentProfile
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


