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Abstract—Network coding has the potential to greatly improve
the throughput of wireless networks. In the current proposals for
wireless network coding, network nodes transmit packets at a
fixed transmission rate. It is notable, however, that by dynamically
selecting the rate, we can effectively improve the node transmission efficiency. In this paper, we study the application of a
rate-adaptive transmission mechanism in network-coding-based
multihop wireless networks. In such networks, whether a coding
solution is satisfactory or not depends not only on the number of
involved native packets but on the packet loss probabilities of its
intended next hops and its transmission time as well, both of which
depend on the transmission rate. Therefore, we aim to jointly
design the coding operation and rate selection to maximize the
transmission efficiency. Specifically, we first describe and mathematically formulate the optimal packet coding and rate-selection
problem. Then, we prove the NP-completeness of this optimization
problem. Finally, we propose an efficient algorithm for finding
good combinations of the coding solution and the transmission
rate. Simulation results demonstrate that compared with the
rate-fixed transmission, the rate-adaptive transmission based on
our algorithm can significantly improve the node transmission
efficiency.
Index Terms—Multihop wireless networks, network coding,
rate-adaptive transmission, transmission efficiency.

I. I NTRODUCTION

M

ULTIHOP wireless networks have been an active area of
research for many years. Promising applications of such
type of networks include wireless sensor networks, wireless
mesh networks, etc. One of the most significant problems of
multihop wireless networks is that their current implementations suffer from a severe throughput limitation and do not scale
well as the number of network nodes increases [1].
The network coding technique is one of a few fundamental
approaches that can essentially improve wireless throughput.
This technique was originally proposed to save bandwidth and
Manuscript received March 15, 2009; revised January 12, 2010; accepted
February 19, 2010. Date of publication March 4, 2010; date of current version
June 16, 2010. This work was supported in part by Tohoku University under the
GCOE project and in part by the Japan Society for the Promotion of Science
under Grant-In-Aid of Scientific Research (B) 21300018. This work is also
partially supported by State Key Lab for Novel Soft Technology at Nanjing
University. The review of this paper was coordinated by Dr. C. Yuen.
K. Chi was with the Graduate School of Information Sciences, Tohoku
University, Sendai 980-8579, Japan. He is now with the College of Computer Science and Technology, Zhejiang University of Technology, Hangzhou
310023, China (e-mail: kaikai_chi@hotmail.com).
X. Jiang and S. Horiguchi are with the Graduate School of Information Sciences, Tohoku University, Sendai 980-8579, Japan (e-mail:
jiang@ecei.tohoku.ac.jp; susumu@ecei.tohoku.ac.jp).
Color versions of one or more of the figures in this paper are available online
at http://ieeexplore.ieee.org.
Digital Object Identifier 10.1109/TVT.2010.2044429

Fig. 1. Simple scenario of wirelesses network coding.

increase the throughput of multicast in wired networks [2],
and it was shown later that it can also offer benefits for other
connection cases in both wired and wireless networks [3]–[12].
The basic idea of network coding in wireless networks is quite
simple and can be illustrated using the scenario in Fig. 1 (from
[3]), where node A wants to send packet P1 to node B, and
node B wants to send packet P2 to node A with the help of
intermediate node R. Suppose that node R has received P1
and P2 . In the traditional transmission way, node R separately
transmits P1 and P2 . However, node R can XOR P1 and
P2 together and broadcast P1 ⊕ P2 . Upon receiving P1 ⊕ P2 ,
node A can decode P2 by P2 = P1 ⊕ (P1 ⊕ P2 ). Similarly,
node B can decode P1 by P1 = P2 ⊕ (P1 ⊕ P2 ). Therefore, with
the network coding function, node R can forward two packets
in a single packet transmission, and its transmission efficiency
is improved by 100% when P1 and P2 are the same size.
Following the study of the aforementioned basic scenario,
recently, Katti et al. has proposed the first practical networkcoding-based packet forwarding architecture (called COPE)
to essentially improve the network throughput of multihop
wireless networks [4]. In COPE, each node opportunistically
overhears those packets transmitted by its neighbors, which are
not addressed to itself, and notices what packets the neighbors
currently possess (by adding piggyback reception reports on the
data packets the node transmits). Each node can intelligently
XOR multiple packets destined to different next hops such that
multiple packets can be forwarded in a single transmission,
resulting in a significant improvement in node transmission
efficiency. Results obtained from the first testbed deployment
of wireless network coding showed that COPE can substantially
improve the throughput of multihop wireless networks.
In the current proposals (including COPE) for wireless
network coding, network nodes transmit packets at a fixed
transmission rate. It is notable, however, that, by dynamically selecting the appropriate rate, we can improve the node
transmission efficiency [13], [14]. Let us consider a simple
example. Suppose that currently the packet loss probability
from node R to A is 0.90, 0.70, 0.66, and 0.30 when the selected
transmission rate is 1, 2, 5.5, and 11 Mb/s, respectively. Clearly,
the expected time required to successfully deliver a packet with
size S (in bits) to A is S/0.9, S/1.4, S/3.63, and S/3.3 μs
when using the rate of 1, 2, 5.5, and 11 Mb/s, respectively.

0018-9545/$26.00 © 2010 IEEE

2436

IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 59, NO. 5, JUNE 2010

Thus, the rate of 5.5 Mb/s is the best solution for the current
packet transmission. However, as the packet loss probabilities
at different rates change over time due to some factors like node
mobility, the best rate also changes over time. Accordingly, by
dynamically selecting the appropriate rate, we can effectively
reduce the transmission time and improve the node transmission efficiency. Similar to the noncoding packet transmission,
by dynamically selecting the transmission rate in the codingbased transmission, we can also improve the node transmission
efficiency. In [15], for the transmission of simple coded packets
involving only two native packets, Ni et al. have preliminarily
investigated the gain achieved by dynamically selecting the
rate. In their investigation, all packets for coding have the same
size. In such a case, the determination of the coding solution is
trivial,1 and the selection of the optimal rate is quite easy.
In this paper, we study the practical application of a rateadaptive transmission mechanism in network-coding-based
multihop wireless networks. In the coding-based transmission
scheme, two new features make the rate selection much different from that in the noncoding transmission.
1) In the noncoding transmission, the metric for measuring
the efficiency of transmitting a native packet at one
specific rate (i.e., for rate selection) is quite simple, as
previously introduced. In the coding-based transmission,
however, each encoded packet involves multiple native
packets, and thus, the metric applied in the noncoding
transmission cannot be applied to evaluate the efficiency
of transmitting an encoded packet at one specific rate.
Since different native packets of one encoded packet have
different sizes and different packet loss probabilities (they
are destined to different next hops), a reasonable metric
for rate selection in the coding-based case should take
into account the effects of all involved packets’ sizes and
the packet loss probabilities of their intended next hops,
as well as the transmission time.
2) More importantly, whether a coding solution is satisfactory depends not only on the number of involved native
packets but also on the packet loss probabilities at its intended next hops and its transmission time, both of which
depend on the transmission rate. It may happen that although an encoded packet involves many packets, packet
loss probabilities at its intended next hops are high, no
matter which rate is used. Therefore, the determination of
the coding solution should be coupled with the selection
of the transmission rate such that we can find good combinations of the coding solution and the transmission rate.
Based on the aforementioned two features, in this paper, we
first define a metric for measuring the efficiency of transmitting
an encoded packet at one specific rate. We then study the joint
design of coding operation and rate selection to maximize the
node transmission efficiency. The main contributions of this
paper are summarized as follows.
1) We mathematically formulate the optimal packet-coding
and rate-selection (PC-RS) problem as an integer pro1 The node only needs to encode the head packet of one flow and the head
packet of the other flow together.

gramming problem, which is NP-complete. The mathematical formulation can help us assess the essence and
understand the hardness of this problem well.
2) An efficient heuristic algorithm is proposed to jointly
find good combinations of the coding solution and the
transmission rate.
3) We demonstrate that compared to the rate-fixed transmission, the rate-adaptive transmission based on our algorithm can significantly improve the node transmission
efficiency.
The rest of this paper is organized as follows. Section II
describes and mathematically formulates the optimal PC-RS
problem. Section III presents a joint PC-RS algorithm. Simulation results are presented in Section IV. Finally, Section V
concludes this paper.
II. O PTIMAL PACKET-C ODING –R ATE -S ELECTION
P ROBLEM
In this section, we first define a metric, i.e., the expected
transmission efficiency (ETE), that measures the efficiency of
transmitting an encoded packet at one specific rate. We then
describe and formulate the optimal PC-RS problem.
A. System Model
Here, we consider the application of network coding in
multihop wireless networks. The network nodes are set in
promiscuous mode, which helps them snoop on all communications over the wireless medium and store the overheard packets.
Each node can know the (overheard and routed) packets each
neighbor possesses such that it can make network coding operations based on this information. This can be achieved by using
reception reports, as introduced in [4]. In addition, it is assumed
that each node knows the packet loss probabilities of links from
itself to its neighbors, which can be estimated by periodically
broadcasting particular control packets and dividing the number
of received packets at one neighbor to the number of sent
packets [21].
B. ETE
To be able to explicitly measure the “goodness” of transmitting an encoded packet at a specific transmission rate, it
is necessary for us to adopt a reasonable metric that should
take into account the effects of some important parameters
such as each involved packet’s size, packet-delivery ratios, and
transmission time. Currently, there is no such metric available.
Here, we introduce a metric for this purpose.
Definition: For a coding solution P0 ⊕ · · · ⊕ PL (L ≥ 0)
whose designated receiver in the MAC layer is the intended next
hop of P0 , define the ETE γ when using transmission rate r as
follows:



1/θ0
lk
l0 + L
k=1 1 − (1 − θk )
(1)
γ = θ0 ·
max0≤k≤L lk /r + Tc
where lk is the payload size of packet Pk in bits, θk is the probability of the intended next hop of Pk successfully receiving
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as well, both of which are related to the specific transmission
rate selected. It may happen that although an encoded packet
involves many packets, packet loss probabilities at its intended
next hops are high, no matter which rate is used. Motivated by
this observation, we aim to jointly design the coding operation
and rate selection to maximize the coding gain, i.e., find good
combinations of the coding solution and the transmission rate
to achieve a large ETE. In this example, if we encode P0 and
P1 together and select the rate of 5.5Mb/s, we can achieve the
maximal ETE of 1.09 × 106 , which is much larger than that
achieved when transmitting P0 alone.
C. Formulation of the Optimal PC-RS Problem
Fig. 2. Example adopted to illustrate the necessity of jointly design of coding
operation and rate selection.

the encoded packet when using transmission rate r, and Tc is
the (constant) total time consumed in each transmission by the
physical-layer convergence procedure header, short interframe
space, acknowledgment, etc.
Let us examine what this metric reflects. First, the expected
number of transmissions of this encoded packet is 1/θ0 . During these 1/θ0 transmissions, it is expected that totally l0 +
L
1/θ0
]lk bits can successfully be delivered
k=1 [1 − (1 − θk )
to the next hops. In addition, the payload size of the encoded
packet P0 ⊕ · · · ⊕ PL is approximately equal to that of the
largest packet2 (i.e., max0≤i≤N li ), and consequently, each
transmission consumes time max0≤k≤L lk /r + Tc . Thus, the

1/θ0
ratio of l0 + L
]lk to (max0≤k≤L lk /r +
k=1 [1 − (1 − θk )
Tc )/θ0 (i.e., ETE) accurately reflects the expected number
of delivered bits per second during the whole transmission
(including retransmission) period of this encoded packet. The
larger the ETE, the better the current packet transmission.
Having the efficiency metric ETE, once a node obtains one
transmission chance, it can first find a coding solution that
involves as many native packets as possible and then select the
rate that provides the maximal ETE. However, such a coding
solution determination way, which is independent from the rate
selection, cannot guarantee the quality of the obtained coding
solution. We present one example in Fig. 2 to clearly illustrate
this insight. The next hop of each packet at node R, which is
the set Si of packets that the next hop vi already possesses,
and the packet delivery ratio θ are shown in this figure. Let
us suppose that Tc = 1.232 × 10−3 s, which is obtained from
the standard setting of parameters like distributed interframe
space. In this example, node R can first encode P0 , P1 , and
P2 together. However, as the packet loss probabilities at P1
and P2 ’s intended receivers are high no matter which rate is
selected, the maximal ETE that node R can achieve is only
8.42 × 105 (when using the rate of 2 Mb/s), which is even
lower than that achieved by transmitting P0 alone at the rate of
5.5 Mb/s (8.93 × 105 ). From this example, we can know that
whether a coding solution is satisfactory depends not only on
the number of involved native packets but on the packet loss
probabilities of its intended next hops and its transmission time
2 In each encoded packet’s header, several symbols are used to record the
number of native packets that are XORed together, IDs of native packets, etc.

We say that an encoded packet (i.e., a coding solution) is
feasible if it can be decoded by each of its intended next hops.
Then, the optimal PC-RS problem can be formally described as
follows: Given the packets destined to each next hop, the packets that each next hop already possesses, and each next hop’s
packet loss probabilities at different transmission rates, find
the feasible coding solution and its corresponding transmission
rate that jointly provide the maximal short-term transmission
efficiency γ.
To mathematically formulate the PC-RS problem, we first
introduce some notations. Notations employed in the optimal
packet coding problem are summarized in Table I. Nr is
the number of available transmission rates. vi represents the
downstream neighbor i, and M is the number of downstream
neighbors, except for v0 . Let P0 be the packet at the head
of output queue, which needs to be transmitted in the current
transmission. Without loss of generality, we suppose that the
next hop of packet P0 is downstream neighbor v0 . We call Ri
in Table I the downstream neighbor vi ’s requirement set. Since
the current COPE architecture only supports unicast traffic (i.e.,
each flow only goes to one neighbor), we have Ri ∩ Rj = ∅,
∀0 ≤ i = j ≤ M . We call Si in Table I downstream neighbor
vi ’s storage set.
Based on the notations in Table I, the PC-RS problem can
be formally formulated as shown in Fig. 3. Obviously, the
aforementioned PC-RS problem is an integer programming
problem. In this formulation, we can see that if parameter xi =
1, then packet Pi will be encoded with P0 ; if parameter yi = 1,
then rate ri will be selected. Constraint (3) enforces that exactly
one transmission rate will be selected, whose corresponding yi
equals 1.
Constraint (4) enforces that next hop v0 can retrieve packet
P0 from the encoded packet. In this constraint, X is the coding
vector. The first element of X is set to 1 because P0 (head
packet of output buffer) is definitely one of those packets to be
encoded. Each possessed native packet at v0 can be regarded as
one corresponding unit vector. For example, P1 is regarded as
unit vector [0, 1, 0, . . . , 0] (i.e., vector e2 ). Then, the condition
that v0 can decode the encoded packet with its possessed
packets is reduced to the condition that v0 can obtain unit vector
[1, 0, . . . , 0] by XORing X with its possessed unit vectors,
which is reflected in (4). Clearly, this constraint enforces that
all other native packets participating in the coding, except for
s
s
, . . . , P0,m
}.
P0 , must belong to S0 = {P0,1
0
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TABLE I
N OTATIONS E MPLOYED TO D ESCRIBE THE O PTIMAL PACKET-C ODING P ROBLEM

Fig. 3. Mathematical formulation of the PC-RS problem.

The constraint set (5) in Fig. 3 enforces that next hop v1
can retrieve its packet from the encoded packet if one of R1 =
r
r
r
, . . . , P1,n
} is encoded with P0 . For v1 , suppose that P1,1
{P1,1
1
r ) is set to 1. Then, the first
is encoded with P0 , i.e., xg(P1,1
constraint (i.e., the one corresponding to i = 1) in constraint
r
with its possessed unit
set (5) enforces that v1 can retrieve P1,1
vectors. It is easy to know that if two or more packets among
R1 are encoded with P0 , v1 cannot retrieve any packet from the
encoded packet by XORing its possessed unit vectors with X
(i.e., the constraints in (5) are not satisfied).

Similar constraints are also applied to other downstream
neighbors. Finally, in the objective function [see (2) in Fig. 3],
the ETE achieved when using the selected coding solution and
transmission rate is evaluated.
The following theorem demonstrates that the PC-RS problem
is actually NP-complete.
Theorem 1: The PC-RS problem is NP-complete.
Proof: To prove that the general PC-RS problem is NPcomplete, it suffices to prove that its following subproblem
(called the sub-PC-RS problem) is NP-hard: Given that rate r1
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Fig. 4. Joint coding and rate-selection algorithm. (a) Coding graph corresponding to the coding problem in Fig. 2. (b) Example of a feasible
coding graph.

is selected (i.e., y1 = 1), find the coding solution having the
maximal ETE. It is easy to know that the sub-PC-RS problem
belongs to NP. Therefore, it is enough to show a polynomialtime reduction from the maximum clique (MC) problem described below (one of the typical NP-complete problems [16])
to the sub-PC-RS problem.
Instance: An undirected graph G = (V, E), and a positive
integer k ≤ |V |.
Question: Is there a set of k mutually adjacent nodes?
Here is the reduction. Given an arbitrary instance G =
(V, E) of the MC problem, where V = {u1 , u2 , . . . , un } and
E is the set of edges, we construct a corresponding instance
of the sub-PC-RS problem as follows. Let the number of
downstream neighbors in the sub-PC-RS problem be n + 1,
and denote them by v0 , v1 , . . . , vn . Let R0 = {P0 } and S0 =
{P1 , P2 , . . . , Pn }, where P0 is the packet at the head of the
output queue. For each i ∈ {1, 2, . . . , n}, let Ri = {Pi } and
Si = {P0 } ∪ {Pj : (i, j) ∈ E}. All packets have the same size.
Each packet delivery ratio pk,i is approximately equal to 1.
Based on the aforementioned construction of the sub-PC-RS
problem, we can know that the answer to the instance of the
MC problem is “YES” if and only if there is a feasible packet
coding of k + 1 packets for the corresponding instance of the
sub-PC-RS problem.

III. J OINT PACKET-C ODING –R ATE -S ELECTION
A LGORITHM
No polynomial-time algorithms are available to obtain the
optimal solution of an NP-complete optimization problem. It
is necessary for us to develop efficient heuristic algorithms to
deal with it. In this section, we show that, due to some unique
properties of the PC-RS problem, it is possible for us to design
an efficient algorithm for finding good combinations of the
coding solution and the transmission rate.
The PC-RS problem has the following important properties.
P1: For an arbitrary candidate packet, suppose that it is destined
to the next hop vi . Then, it definitely cannot be encoded
with P0 if at least one of the following two conditions
is not satisfied: 1) v0 possesses this packet, and 2) vi
possesses P0 .
P2: Among all possible coding solutions, only the solutions that
encode native packets destined to different next hops need

to be considered, because if two or more packets destined
to the same next hop are encoded together, their next hop
cannot decode the encoded packet.
P3: In most cases, the number of native packets we can encode
together is not large. We can still achieve good performance by encoding at most four native packets together
in all cases, as indicated in [4].
Based on the aforementioned important properties of the PCRS problem, we propose a joint PC-RS algorithm. The main
idea is to first construct a directed graph corresponding to
the original PC-RS problem, such that the search of coding
solutions is reduced to the search of special subgraphs in this
graph. Then, we apply the aforementioned properties P1 and
P2 to quickly remove arcs and nodes in the graph such that the
search space of coding solutions can quickly be shrunk. The
simplification of the graph and searching for subgraphs will be
repeated at most three times by applying the aforementioned
property P3.
Several main procedures of our coding algorithm are described as follows.
Procedure 1 (Graph Construction)
Based on input information like Ri and Si , construct
a directed graph G(N , A) (referred to as a coding graph
henceforth). The node set N of G is defined as N = {u0 ,
u1 , . . . , uM }, where node ui corresponds to downstream
neighbor vi in the PC-RS problem and has Nr different
Nr
1
= pi,1 , . . . , z(u
= pi,Nr . The arc set A of
weights: z(u
i)
i)
r
in each Ri ,
G is defined as follows: for each packet Pi,k
r
∈ Sj ,
for any uj (j ∈ {0, 1, . . . , M } \ {i}) satisfying Pi,k
r
there is a corresponding directed arc (ui , uj , Pi,k ). Each arc
r
r ) equaling the packet size
) has a weight s(ui ,uj ,Pi,k
(ui , uj , Pi,k
r ).
lg(Pi,k
Let us take the coding problem in Fig. 2 as an example to
briefly show how to construct the coding graph. There are four
downstream neighbors. Thus, we have four nodes u0 , u1 , u2 ,
and u3 . The next hop of packet P0 is v0 . As v1 , v2 , and v3
already possess P0 , we build arcs (u0 , u1 , P0 ), (u0 , u2 , P0 ),
and (u0 , u3 , P0 ). The weights of these three arcs are equal to
the size of P0 , i.e., 200. Similarly, for other packets, we build
corresponding arcs. Finally, the obtained coding graph is shown
in Fig. 4(a).
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For a subgraph of G, we call it a feasible coding subgraph if
we have the following:
1) It contains u0 .
2) For any two different nodes ui and uj in it, these is
exactly one arc from ui to uj , as well as one arc from
uj to ui .
3) All arcs departing from the same node have the same
label P .
Note that a feasible coding subgraph in G corresponds to
a feasible coding solution. Fig. 4(b) shows a simple feasible
coding subgraph, whose corresponding feasible coding solution
is P0 ⊕ P1 ⊕ P2 . We further call a feasible coding subgraph
with k nodes a k-node feasible coding subgraph.
Procedure 2 (Property-P1-Based Graph Simplification)
In this step, we apply property P1 to quickly remove some
arcs and nodes in the coding graph G. First, remove any node
ui (1 ≤ i ≤ M ) and all its adjacent arcs if there is no arc from
u0 to ui . Second, remove any ui and all its adjacent arcs if there
is no arc from it to u0 . Third, for any packet Pi , if there does
not exist such an arc that arrives at u0 with label Pi , remove all
arcs with label Pi .
In Fig. 4(a), as there does not exist an arc from u3 to u0 , we
remove u3 and its adjacent arcs (u0 , u3 , P0 ) and (u1 , u3 , P3 ).
Procedure 3 (Graph Simplification Before Searching for
k-Node Feasible Subgraphs)
Here, the properties of k-node feasible subgraphs are applied
to further simplify the coding graph G.
1) Remove each arc (ui , uj , P ) with capacity c(ui ,uj ,P ) <
k − 1, where c(ui ,uj ,P ) is the total number of arcs that
leave from ui and have the same label P .
2) Remove a node and all its adjacent arcs if its in-degree is
less than k − 1. Here, the in-degree of ui is the number
of nodes from which there exist one or more arcs to
node ui .
3) Remove a node and all its adjacent arcs if there is no arc
from it to u0 .
These three steps are repeated until 1) G does not contain u0
or has less than k nodes, in which case, it then returns FALSE;
or 2) nodes and arcs in G can no longer be removed, in which
case, it then returns TRUE.
Consider the example in Fig. 4(b). Suppose that we search for
three-node feasible subgraphs. Since each arc has the capacity
of 2, no arc will be removed due to the aforementioned rule 1.
In addition, each node’s in-degree is 2. Thus, nodes and arcs
will be removed due to the aforementioned rule 2. In addition,
both nodes v1 and v2 have arcs to v0 .
Procedure 4 (Searching for k-Node Feasible Subgraphs)
In the current simplified coding graph G, pick a coding
subgraph G that includes node u0 and also k − 1 other nodes.
Based on property P2, determine if there are feasible subgraphs
Gf = (Nf , Af ) in this coding subgraph G . If so, calculate the

weight W (Gf , rn ) of each feasible subgraph Gf at each rate rn ,
where
W (Gf , rn )
s(u0 ,uk ,P0 ) +
=





ui ∈Nf /{u0 }



n
1 − 1 − z(u
0)

max(ui ,uj ,P )∈Af s(ui ,uj ,P )

1



n
z(u

i)

s(ui ,uk ,P )


rn + Tc

record this feasible subgraph if its weight is currently the largest
(the weight of a feasible coding subgraph is just the ETE of its
corresponding feasible coding solution), and record the current
transmission rate rn . Conduct this operation for each subgraph
G . If current coding graph G contains no feasible subgraph,
return FALSE; otherwise, return TRUE.
Formally, the new coding algorithm is given as follows.
Joint PC-RS Algorithm
Input:
Number of available transmission rates Nr
Ri (0 ≤ i ≤ M ) and size of each packet in Ri
Si (0 ≤ i ≤ M )
Packet delivery ratio pk,i (0 ≤ k ≤ K, 1 ≤ k ≤ Nr )
Main procedure
1
Construct the directed graph G by Procedure 1.
2
Execute Procedure 2 to simplify the graph G.
3
for k = 2 to min{4, node number of G} do
4
Execute Procedure 3 for G.
5
if (Procedure 3 return FALSE) then
6
go to Exit.
7
else
8
Execute Procedure 4 for G.
9
end if
10
if (Procedure 4 return FALSE) then
11
go to Exit.
12
end if
13
end for
Exit: Return the feasible subgraph which includes node u0
and has the largest weight, and also its corresponding transmission rate.
It is easy to know that if there exists no i-node feasible subgraph, there definitely does not exist any (i + 1)-node feasible
subgraph. To take advantage of this property, it is in ascending
order of k that we search for k-node feasible subgraphs and
calculate their weights, as shown in step 3 of the proposed
algorithm. Furthermore, according to property P3, the search
will be conducted up to k = 4.
Regarding the computational complexity of the coding algorithm, we can know that Procedures 1, 2, and 3 take time
O(max{M 2 n, M Nr }), O(M 2 n), and O(M 2 n), respectively,
where M is the number of downstream neighbors, and n
is the number of flows passing through a link. Procedure 4
has the highest computational complexity O(Nr M 3 n3 ) when
k = 4. Thus, the computational complexity of this algorithm is
O(Nr M 3 n3 ). This complexity is quite low. First, Nr is clearly
a small value (being 4 when using IEEE 802.11b). Second,
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nodes in a multihop wireless network usually have small degrees, and thus, the number of downstream neighbors M is
small. Additionally, there are usually not many concurrently
active flows passing a network node (i.e., n is not large), due to
the very limited node transmission capacity, the load-balancing
routing, etc. In addition, before starting the transmission of
a data packet, a control packet (request to send) is sent to
the receiver, and the receiver needs to return another control
packet (clear to send). This spare time is enough to conduct the
algorithm to find the coding solution and transmission rate.
In this joint coding and rate selection scheme, similar to the
available COPE architecture, each network node only needs to
obtain one-hop neighborhood information (link packet loss rate
and the neighbors’ possessed packets) from its neighbors. Thus,
this scheme operates in a distributed manner using local information only. The corresponding issue we need to consider is
the effective exchange of local information between neighbors.
The exchange mechanism adopted in COPE is effective, but one
might be able to design more effective mechanisms to exchange
local information.
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Fig. 5. One simple three-node network and corresponding packet-delivery
ratios of links at different transmission rates.

IV. P ERFORMANCE E VALUATION
In this section, we investigate the network throughput improvement achieved when using the proposed rate-adaptive
network-coding-based transmission scheme.
A. Simulation Setting
To evaluate the effectiveness of our proposed joint PC-RS
scheme, we conducted simulations with NS-2 [18] (implementing the packet coding operation and rate-adaptive function),
running 802.11b at the medium-access control (MAC) layer and
ad hoc on-demand distance vector routing protocol [19] at the
routing layer.
For wireless channels, we assume that the successful packet
reception probability p1 of one link (R, vi ) (with distance
d) using the 1 Mb/s rate is under the lognormal shadowfading model. Then, pi,1 can be approximated by pi,1 = 1 −
0.5(d/R)2α if d ≤ R, pi,1 = 0.5(2 − d/R)2α if R < d ≤ 2R,
and pi,1 = 0 otherwise [20], where R is the distance such that
p(d = R) = 0.5, and α is the power attenuation factor ranging
from 2 to 6. In the simulation, the path loss exponent α is set
to 4, and R is set to 200. Since the packet delivery ratio usually
decreases as the transmission rate increases, from j = 2 to 4,
pi,j is set to ρ · pi,j−1 , where ρ is a randomly generated value
between 0.5 and 1.
B. Throughput Evaluation in a Three-Node Network
Both network coding and rate adaption enhance the transmission efficiency of network nodes. Thus, before investigating the
network-level throughput improvement achieved by using rateadaptive network-coding-based transmission, we first investigate the node-level throughout improvement in the well-known
three-node network in Fig. 5. In this network, there exist one
flow from node A to B and one flow from node B to A, with
the help of intermediate relay R. The packet size is 512 B.

Fig. 6. Achieved throughput of different transmission schemes in the threenode network in Fig. 5.

Fig. 6 shows the throughputs achieved by the noncoding
transmission scheme, COPE, and our rate-adaptive codingbased scheme under different offered loads. The x-axis in the
figure represents the total rate of 30 user datagram protocol
(UDP) flows in our simulation. All flows have the same rate.
For the noncoding scheme and COPE with fixed transmission
rate, this network achieves the maximal throughput when using
the rate of 11 Mb/s. Thus, in Fig. 6, we just show these two
schemes’ throughputs achieved when using the rate of 11 Mb/s.
In this network, R is the interaction node (i.e., bottleneck node)
of two flows. It can be observed that, when the workload is
small, different schemes achieve almost the same throughput.
When the workload is high enough, however, these schemes
demonstrate different performance. When using COPE, node
R can encode two packets together to transmit (equivalently,
increase its transmission rate) and thus improve the throughout
as compared with the noncoding scheme. This throughput
improvement is clearly reflected in Fig. 6. However, when
using the rate-adaptive coding-based scheme, the throughput
can further be improved, because when transmitting encoded
packets from node R to A and B, the rate of 5 Mb/s can achieve
higher transmission efficiency than the rate of 11 Mb/s. We will
show in the next section that this improvement is significant in
networks with more nodes.
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Fig. 7. Achieved throughput of different transmission schemes in the 20-node network. (a) When the noncoding transmission and COPE-based transmission use
the fixed rate of 1 Mb/s. (b) When the noncoding transmission and COPE-based transmission use the fixed rate of 2 Mb/s. (c) When the noncoding transmission
and COPE-based transmission use the fixed rate of 5.5 Mb/s. (d) When the noncoding transmission and COPE-based transmission use the fixed rate of 11 Mb/s.

Additionally, although network coding can essentially improve the throughput, the improvement is lower than the expectation. When using COPE, ideally, node R can always transmit
the encoded packet and double the throughput. We can see,
however, that the throughput is improved by about 30%. This is
because two important factors prohibit the achievement of this
ideal throughput enhancement. The first one lies in the mediumaccess mechanism. If the medium-access opportunities are
always allocated in the following order: nodes A, B, and R,
then R always has packets of two flows in its buffer and, thus,
can always encode two packets destined to different receivers.
Due to the random access mechanism of 802.11 MAC, however,
from time to time, only one flow’s packets exist in node R’s
buffer, which is clearly reflected in the simulation process.
Thus, node R will frequently transmit native packets rather
than the encoded packet. The second factor is the packet loss. It
frequently happens that when P1 ⊕ P2 is successfully received
by its designated receiver (e.g., A) after one or multiple
transmissions at R, node B does not yet receive this encoded
packet. In this case, it is equivalent to the case that node R
just transmits native packet P2 to A. One can easily know that
this case will even become worse when the size of P1 is larger
than P2 .

C. Throughput Evaluation in a 20-Node Network
Now, we investigate the throughput achieved by different
transmission schemes in a more general network with 20 nodes,
whose positions are randomly generated inside the region
400 × 400 m2 .
For each transmission scheme, we evaluate its corresponding
throughputs in ten different cases. In each case, there are 30
UDP flows whose source and destination are randomly selected.
The data packet size of each flow remains unchanged, and
packet sizes of different flows follow the packet-size distribution presented in [17]. We simulate the achieved throughput in
each case and average the achieved throughputs over these ten
cases.
Fig. 7 shows the throughputs obtained by the noncoding
scheme, COPE, and the network-coding-based rate-adaptive
scheme. From its four subfigures, first, we can observe that
COPE only slightly improves the throughput, as compared
with the traditional noncoding transmission. There are several
reasons for this. First, the number of nodes with coding opportunities (i.e., the interaction nodes of multiple flows) is limited.
They are mainly located at the center area of the network region.
Second, it is a rare case that three or more packets are encoded
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Fig. 8. Throughput improvement achieved by our proposed scheme as compared with COPE under different densities and different numbers of flows. (a) Average
throughput improvement under different densities. (b) Average throughput improvement under different numbers of flows.

together. Additionally, most flows need to traverse multiple
hops before reaching the destination node. For an arbitrary
flow, although the transmission efficiencies of some nodes on
its route may be improved, the throughput is likely to slightly
improve because the bottleneck node of this flow has no coding
opportunities.
Second, we can clearly see that, compared to COPE, our
proposed scheme can greatly improve the network throughput.
This improvement comes from the joint adoption of better
coding operations and the rate-adaptive transmission. On one
hand, from the coding perspective, the proposed scheme adopts
an efficiency-oriented metric to select the coding solutions
with high transmission efficiency. On the other hand, from
the adaptive-rate point of view, our rate-adaptive transmission
effectively takes not only the packet loss probability but the
transmission time into account as well to select an appropriate transmission rate. The rate-adaptive transmission scheme
effectively enhances all network nodes’ transmission efficiency,
rather than limited nodes’ transmission efficiency, as in COPE.
We now investigate the performance of our proposed scheme
under different densities and different numbers of flows. Fig. 8
shows the throughput improvement achieved by our scheme
as compared with COPE. The results in Fig. 8(a) are obtained under different network area sizes. The number of nodes
(20 nodes), the number of flows (30 flows), and the nodes’ relative positions are the same as those introduced at the beginning
of this section. From this subfigure, we can see that there is no
clear increasing/decreasing trend as the node density decreases,
and the throughput improvement is always significant. This can
be explained as follows. Compared to COPE, the throughput
improvement achieved by the proposed scheme comes from
both the rate adaption and better utilization of coding opportunities. As the node density decreases, the packet-coding
opportunities decrease (due to less successful overhearing), and
thus, the gain from better utilization of coding opportunities
decreases, but the difference in link quality becomes significant,
and the gain from transmission rate selection increases. The
results in Fig. 8(b) are obtained under different numbers of
flows in the same network introduced at the beginning of this

section. From this subfigure, it can be observed that, as the
number of flows increases, the throughput improvement also
increases. It is notable that the coding opportunities come
from the intersection of different flows. As the number of
flows increases, the coding opportunities increase, and thus, the
throughput improvement from the better utilization of coding
opportunities also increases.
In the aforementioned performance evaluation, we only investigated the throughput improvement in the case of using
IEEE 802.11b, which supports four different transmission rates.
When the optional rates are numerous, it can be expected that
the performance improvement will become more significant
due to the significant quality difference of network links. This
remains as future work.
V. C ONCLUSION
In this paper, we have applied the rate-adaptive transmission
mechanism in network-coding-based multihop wireless networks. We have first shown that there exists an interaction between coding operation and rate selection and then proposed an
efficient algorithm for jointly selecting good coding solutions
and their corresponding transmission rates. Simulation results
have demonstrated that, compared with the current codingbased transmission scheme with fixed transmission rate, our
rate-adaptive transmission scheme can significantly improve
the network throughput. This improvement can be as large
as 50%.
Notice that the proposed metric of ETE only considers node
transmission efficiency and does not directly reflect the network
performance. The determination of coding operation and rate
selection based on more information like some global information might more effectively improve the network performance.
Therefore, one future work is to design a more intelligent joint
coding operation and rate selection scheme with the utilization
of more network information. Additionally, in wireless ad hoc
networks with high mobility, the link quality rapidly changes
due to node movement. In such networks, the joint packet
operation and rate selection is much more complicated and
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is worth our further efforts. There are two ways to go about
doing joint coding operation and rate selection. The first way
is still using the ETE metric but needs to timely and accurately
predict the packet-loss rates at neighbors based on some shortterm information. For example, we predict the SNR of one
link based on the relative movement speed and then build the
relationship between the SNR and the packet-loss rate based on
the characteristics of a specific network. The second way is to
utilize a long-term performance measure that depends on the
channel statistics.
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