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Abstract:    In this paper, retransmission strategies of the network-coding-based packet network are investigated. We propose two 
retransmission strategies, the packet-loss-edge-based retransmission strategy (PLERT) and the minimum retransmission strategy 
(MRT), which focus on optimizing the retransmission efficiency without the constraint on the encoding field size. We compared 
the performances of the proposed retransmission strategies with the traditional automatic repeat-request (ARQ) strategy and the 
random retransmission strategy. Simulation results showed that the PLERT strategy works well when the packet loss rate is small. 
Among these retransmission strategies, the performance of the MRT strategy is the best at the cost of the high complexity that is 
still polynomial. Furthermore, neither of the proposed strategies is sensitive to the encoding field size. 
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1  Introduction 
 

Recently, network coding first proposed by 
Ahlswede et al. (2000) has attracted a great deal of 
research interest. Due to the encoding ability of in-
termediate nodes, the bandwidth can be shared among 
different sinks and the performance of information 
dissemination over the network is improved by the 
network coding. It was shown in Ahlswede et al. 
(2000) that the multicast capacity of the network is 
equal to the size of the minimum cut separating the 
source and sinks, and that this capacity can be 
achieved by linear network coding (Li et al., 2003). 

When the packet loss happens, source messages 
may be unable to recover in a real network. Thus, if 
the communication channel between a sender and a 
sink is not reliable, an appropriate error-control 
scheme should be used to provide the reliable trans-

mission. Automatic repeat-request (ARQ) and for-
ward error correction (FEC) are usually used to deal 
with the packet loss problem. On the other hand, 
many researchers showed that network-coding-based 
error-control schemes, such as network error correc-
tion codes (Cai and Yeung, 2006; Yeung and Cai, 
2006; Koetter and Kschischang, 2008; Silva et al., 
2008; Zhang, 2008) and the retransmission technique 
(Larsson and Johansson, 2006; Zheng and Sinha, 
2007; Nguyen et al., 2009), can also be used to solve 
the packet loss problem. 

As we know, retransmission is an effective 
method to resolve the packet loss problem if feedback 
is available. Many network-coding-based retrans-
mission strategies for wireless networks have been 
proposed. In Larsson and Johansson (2006) and 
Nguyen et al. (2009), the XOR-based retransmission 
strategy for single-hop wireless networks was intro-
duced. Using XOR operations, the source sends an 
XOR-packet of retransmitted packets instead of 
sending all of them, and all sinks obtain their required 
information with XOR operations. Zheng and Sinha 
(2007) used an XOR-based retransmission strategy to 
guarantee the end-to-end reliability over wireless 
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networks. Using network coding, the buffer needed in 
intermediate nodes for retransmission was reduced 
and the throughput was improved. Ghaderi et al. 
(2008) compared the link-by-link and end-to-end 
retransmission strategies based on network coding to 
the traditional ARQ scheme for multicast over wire-
less networks. However, these strategies utilize the 
broadcast characteristics of wireless communication, 
and source packets are not encoded with network 
coding during the transmission. Hence, these re-
transmission strategies are not applicable in wired 
networks. 

In wired networks, the reliability of communi-
cation using network coding can be simply achieved 
based on the idea of rateless codes. The source 
transmits encoded packets until sinks can decode all 
original packets (Luby, 2002; Maymounkov et al., 
2006; Shokrollahi, 2006). Lun et al. (2008) proposed 
a link-by-link reliability guarantee scheme with ran-
dom network coding, which can approach the net-
work capacity. In this scheme, all nodes transmit a 
random combination of their previously received 
packets whenever they have a transmission opportu-
nity. Sinks can decode all original packets if they have 
received enough encoded packets. However, this 
solution needs a large encoding field size, which leads 
to a high computational complexity. Another related 
work is in Sundararajan et al. (2008; 2009), where 
network coding is performed in a completely online 
manner. A sliding window is maintained and a queue 
management algorithm called the ‘drop-when-seen 
algorithm’ is used. The sliding window is updated 
according to ARQs from sinks, and transmitted pack-
ets are generated by linearly combining packets in the 
window. Sundararajan et al. (2008) gave a determi-
nistic encoding scheme, but only one transmitted 
packet can be generated according to ARQs from 
sinks. To generate the next transmitted packet, the 
next group of ARQs should be waited for. Sundara-
rajan et al. (2009) used the randomly linear coding 
scheme to deal with this problem but a large encoding 
field size was required. 

In this paper, we investigate retransmission 
strategies of the multicast communication based on 
network coding in wired networks to achieve the 
end-to-end reliability. Our motivation is to design the 
effective retransmission strategy for optimizing the 
retransmission efficiency without the constraint on 

the encoding field size. Due to the decoding com-
plexity and the nonzero-delay problem, the network 
coding is usually performed based on generation, 
which is called ‘generation-based network coding’ 
(Chou et al., 2003; Wu et al., 2008). Therefore, we 
focus on the retransmission technique of the genera-
tion-based network coding for wired directed net-
works. 

In multicast sessions with linear network coding, 
intermediate nodes linearly combine incoming pack-
ets and forward them. As a result, if one packet is lost 
during the transmission, it is possible that more than 
one sink does not receive enough information to re-
cover all of the source messages of that generation. 
Though received packets are different, the same set of 
retransmitted packets can meet the requirements of all 
sinks. Hence, instead of unicasting required packets 
to each sink, multicasting retransmitted packets util-
izing the property of the network coding is a better 
choice. An efficient retransmission strategy should be 
carefully designed to make the size of the set as small 
as possible. In this paper, we address four retrans-
mission strategies of generation-based network cod-
ing in the packet network: the traditional ARQ 
scheme named the ‘quasi classical retransmission 
strategy’ (CRT), the rateless-code-based retransmis-
sion strategy named the ‘random retransmission 
strategy’ (RRT), the packet-loss-edge-based re-
transmission strategy (PLERT), and the minimum 
retransmission strategy (MRT). In these retransmis-
sion strategies, PLERT and MRT are the main con-
tributions of this paper. 

These retransmission strategies adopt different 
methods to deal with the packet loss problem. In the 
CRT strategy, receiving ARQs sent by sinks, the 
source simply retransmits packets according to re-
quests of these ARQs. In the RRT strategy, the source 
randomly retransmits packets according to the num-
ber of packets required by sinks. In the PLERT 
strategy, all of the nodes detecting the loss of in-
coming packets send ARQs to the source. Then the 
source retransmits packets according to these ARQs. 
In the MRT strategy, sinks send ARQs containing 
global encoding kernels generated by some rules. 
With this knowledge, the source minimizes the 
number of retransmitted packets, which is equal to the 
maximum number of packets requested by sinks. 
Furthermore, the CRT, RRT, and MRT strategies are 
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based on local knowledge while the PLERT strategy 
may need global information. 
 
 
2  Generation-based network coding 

2.1  Basic definition of network coding (Koetter 
and Médard, 2003; Yeung et al., 2005) 

A directed acyclic network can be denoted as 
G(V, E), where V is the node set and E is the edge set. 
We assume that the order on E is consistent with the 
associated partial order of the directed acyclic net-
work G. Each directed edge e=(i, j)∈E, represents a 
channel from node i to node j. The edge e is called an 
outgoing edge for node i and an incoming edge for 
node j. For a node i, define out(i)={e∈E: e as an 
outgoing edge of i} and in(i)={e∈E: e as an incoming 
edge of i}. For convenience, we assume that multiple 
edges between a pair of nodes are possible and that all 
edges have unit capacity. Let {S} and T={t1, t2, …, tN} 
be two disjointed subsets of V. The source, S, multi-
casts source messages. Nodes in T named sinks are 
the destinations of source messages. Let h denote the 
min-cut of the network, which means there are h dis-
joint paths from the source to each sink. Edges not 
belonging to these paths are not considered. Thus, 
each sink exactly has h incoming edges. The source 
multicasts h message symbols through one transmis-
sion. Let F denote the base encoding field, and x=(x1, 
x2, …, xh)T∈F 

h, where x is named the source message 
vector. In the packet network, source messages are 
also vectors, i.e., xi∈F 

L, where L is the dimension of 
the vector. Hence, source message vector x becomes a 
matrix with dimension h×L. 

Each node i∈{V−T} has a local encoding kernel 
which is a matrix. With this matrix the node linearly 
encodes incoming messages and forwards them. The 
system transfer matrix, F=(fde)d∈E,e∈E, is an |E|×|E| 
matrix, where fde is the local encoding value. Matrix B 
is the local encoding kernel matrix at the source with 
dimension h×|E|. The global encoding kernels of 
network codes, ef , are given as column vectors of the 
matrix B(I−F)−1, which is an h×|E| matrix. The global 
encoding kernel of edge e is an F-valued 
h-dimensional vector, and T

e e=U x f , where Ue is the 
message transmitted through edge e. 

2.2  Generation-based network coding in packet 
network 

In the packet network, the generation-based 
network coding operates by partitioning source mes-
sages into disjoint packet sets called ‘generations’. 
Network coding performed only within a set can re-
duce the encoding and decoding complexity. As in-
troduced in Chou et al. (2003), source messages are 
vectors with the same dimension and encoding field F. 
The set size is equal to the max-flow size of the mul-
ticast session, h. Each packet contains a message 
vector, whose global encoding kernel is included in 
the packet header. All packets related to the same set 
of h source vectors x1, x2, …, xh are said to be in the 
same generation. The intermediate node linearly en-
codes incoming packets with its local encoding kernel 
and forwards encoded packets to the outgoing edges. 
It also calculates the global encoding kernel of each 
forwarding packet and writes it into the packet header. 
A synchronous mechanism is used to forward packets 
and to calculate the deadline of a generation. The 
packet is regarded as lost if it does not arrive before 
the deadline due to congestion or delay. If an expected 
incoming packet is lost, both the global encoding 
kernel and the content of the packet are assumed to be 
zero when the intermediate node executes the net-
work coding. 
 
 
3  Retransmission strategies 
 

In wireless networks, intermediate nodes buffer 
packets and send retransmitted packets when the 
packet loss happens (Zheng and Sinha, 2007). How-
ever, in the wired network, if an intermediate node 
serves for many sessions, its buffer capacity may be 
not enough to deal with the retransmission. If there is 
no extra bandwidth for retransmitted packets, re-
transmitting by intermediate nodes will destroy the 
network coding topology. In other words, when the 
packet loss is temporarily caused by the link overload, 
the transmission of following generations will be 
affected by the change of the minimum cut if this link 
is continued to be used for retransmission. For the 
same reason, unicasting retransmitted packets to each 
sink is not applicable. 
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In this paper, we assume that packets are not 
buffered by intermediate nodes and that the buffer of 
the source is large enough for retransmission. When a 
packet is lost, only the source performs retransmis-
sion. The loss of ARQ is not considered for simplicity. 
If the packet loss happens, either intermediate nodes 
or sinks (based on the retransmission strategy) send 
ARQs to the source. Otherwise, if the nodes receive 
all the expected packets, they keep silent. The source 
waits a certain time Trtt to collect all ARQs in the 
current generation. Trtt is set according to the maxi-
mum round-trip time (RTT) of paths between the 
source and sinks which can be determined by the 
same algorithm as TCP. Based on these ARQs, the 
source generates retransmitted messages which are 
linear combinations of source messages in the corre-
sponding generation. Since decoding is performed at 
sinks, linear combination coefficients are also in-
cluded in retransmitted packets. Then retransmitted 
packets are transmitted as a part of the following 
generation. While sinks receive packets containing 
retransmitted messages, they decode them and obtain 
get messages in the corresponding generation and 
retransmitted messages. With retransmitted messages 
and their linear combination coefficients, sinks de-
code messages in the earlier generation which failed 
to decode because of the packet loss. 

We explain the principle of network coding as 
shown in Fig. 1. The source S multicasts message 
(a, b) to sinks X, Y, Z, and each edge has a unit 
bandwidth. When all packets are transmitted correctly, 
the transmission result is shown in Fig. 1a. If packet b 
through edge SB is lost, the transmission result is 
shown in Fig. 1b. Edges BC, BY, and BZ send zero 
 
 
 
 
 
 
 
 
 
 
 
 
 

packet, respectively. Then, the packet through edge 
CD is a instead of (a+b). X receives a from two in-
coming edges instead of a and (a+b). Y and Z receive 
a and 0 from incoming edges instead of b and (a+b). 
Then, X, Y, and Z cannot recover the message (a, b) 
using received packets. Therefore retransmission is 
necessary. 

Here, we consider four retransmission strategies 
for the generation-based network coding. 

3.1  Quasi classical retransmission strategy 

As a classical retransmission scheme, when 
sinks detect the packet loss, they send ARQs to the 
source. For example, in Fig. 1b, Y and Z receive a, but 
their expected packets are b and (a+b). It is not nec-
essary for the source to retransmit both b and (a+b) 
since only one more packet is enough. An efficient 
method is for sinks to randomly generate vectors that 
can span the full space together with the global en-
coding kernels of received packets. ARQs contain 
these vectors. The source collects all ARQs from 
sinks in one generation and uses Gaussian elimination 
to obtain linearly independent components of vectors 
in these ARQs. Then it generates retransmitted pack-
ets using these independent vectors as global encod-
ing kernels and sends them during the next generation 
transmission. 

3.2  Random retransmission strategy 

For the network-coding-based transmission, if 
packet loss occurs, retransmitted packets can be gen-
erated by randomly linearly combining source mes-
sages. If the encoding field size is large enough, a 
randomly generated packet is linearly independent of 
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Fig. 1  Examples of network coding 
(a) No packet loss; (b) Packet through edge SB is lost; (c) Packets through edges AX and DZ are lost 
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former received packets with a high probability. 
Hence, the RRT strategy is implemented as follows: 
when the packet loss occurs, sinks transmit ARQs 
containing the information regarding how many 
packets they need. The source collects all ARQs in the 
same generation and obtains the maximum number of 
requested packets, w. Then it performs a randomly 
linear combination of the source messages of the 
corresponding generation to generate w retransmitted 
packets, and sends them during the next generation 
transmission. If retransmitted packets cannot help 
sinks recover the source messages, ARQs will be sent 
again. Obviously, the efficiency of the RRT strategy 
is low when the encoding field size is small. 

3.3  Packet-loss-edge-based retransmission strategy 

In the CRT and RRT strategies, for a multicast 
session with network coding, a lost packet will lead to 
several sinks sending ARQs. If there are many sinks 
in the multicast session, the bandwidth consumed by 
ARQ packets from these sinks is nontrivial. Then 
sending ARQs by intermediate nodes is an alternative 
method. The source performs the retransmission 
based on the feedback from intermediate nodes. The 
PLERT strategy is proposed based on this motivation. 

In Fig. 1b, if the packet through edge SB is lost, 
node B sends an ARQ containing the global encoding 
kernel of packet b, i.e., (0, 1). Note that B still sends 
zero packets to edges BC, BY, and BZ. Then C, D, X, Y, 
and Z do not send ARQ although their received 
packets are not the expected ones.  

In the PLERT strategy, ARQs are sent by in-
termediate nodes or/and sinks. Let ef  denote the 
global encoding kernel of the packet transmitted 
through edge e without the packet loss. If a node 
detects at least one expected incoming packet not 
arriving on time, it sends an ARQ containing ef  of 
the corresponding edge(s) and the generation number. 
Similar to the CRT strategy, the source collects all 
ARQs in the same generation, and uses Gaussian 
elimination to obtain linearly independent compo-
nents of the global encoding kernels. Using these 
independent components as global encoding kernels, 
the source generates retransmitted packets according 
to the generation number and sends them in the fol-
lowing generation transmission. 

In the traditional network without network cod-
ing, since intermediate nodes only forward packets, 
the lost packets are merely packets required by sinks. 
But in the network with network coding, since in-
termediate nodes linearly encode received packets 
and forward them, received packets are the linear 
combination of original source packets. Then the lost 
packets may not be the required ones. However, in 
Theorem 1, we prove that sinks can recover original 
source packets using normal received packets and the 
lost packets retransmitted by the PLERT strategy. 

The key problem of the PLERT strategy is how 
to detect the packet loss and obtain the global en-
coding kernel. If the global information is available, 
the problem is easy to solve. From the global infor-
mation, the node knows which edges have incoming 
packets and the corresponding global encoding ker-
nels. If incoming packets do not arrive on time, it is 
claimed that the packet loss has occurred. Otherwise, 
if the global information is not available and the to-
pology and encoding kernels do not change very 
frequently, intermediate nodes can infer which edges 
have incoming packets from previous transmissions. 
If the packet does not arrive before the deadline, it is 
assumed to be lost. The node uses the global encoding 
kernel of the latest incoming packet as the global 
encoding kernel, and sends it to the source. Because 
only the global encoding kernels of the packets in the 
generations without packet loss are used, we set a 
loss-bit in the packet header to denote whether or not 
the packet loss occurs. The lost incoming packet is 
seen as a zero packet with the loss-bit setting. The 
loss-bit of the packet generated by linearly combining 
a group of packets including at least one packet with 
the loss-bit setting will be set. The node buffers only 
the global encoding kernel of the latest incoming 
packets without the loss-bit setting. 
Theorem 1    In a directed multicast network G(V, E), 
the min-cut, i.e., the maximum capacity of the mul-
ticast session, is achieved using network code. ef  
denotes the global encoding kernel of the packet 
transmitting through edge e without the packet loss. If 
packets transmitted through 

1 2
, ,...,

kp p pe e e  are lost, 

sinks can recover the whole generation’s messages 
with retransmitted packets whose global encoding 
kernels are 

1 2
, ,..., .

kp p pf f f  
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Proof    We first prove that if packets transmitted 
through 

1 2
, ,...,

kp p pe e e  are lost, the global encoding 

kernel ef  of edge e becomes ,e
′f  which is the linear 

combination of 
1 2

, , ,..., .
ke p p pf f f f  We prove it using 

the inductive method as follows. 
As introduced in Zhang (2008), 

1 2
( , ,e ez z=z  

| |

T..., )
Eez  denotes the error message vector, and 

ieu  is 

the message transmitted through edge ei. The ex-
tended global encoding kernel of ei denoted as 

ie
�f  is 

the column of matrix Q indexed by ei, where 
 

1( )−
⎛ ⎞ ⎛ ⎞ ⎛ ⎞

= − = =⎜ ⎟ ⎜ ⎟ ⎜ ⎟
⎝ ⎠ ⎝ ⎠ ⎝ ⎠

B B BK
Q I F K

I I K
,         (1) 

 
and K=(I−F)−1. 

When errors are considered, the message trans-
mitted through ei can be expressed as 
 

1 2 | |

T T T T ˆ ˆ ˆ( , ) ( , , ,..., ) ,
i i i E ie e e e e e eu ′= = =� �x f x z f x I f f f f  (2) 

 
where T ˆ ,

j je ez = x f  and ˆ
jef  is the global encoding 

kernel of the error component of ei. If the packet 
through ei is transmitted successfully, ˆ 0.

je =f  From 

Eq. (2), we have 
 

1 2 | |

ˆ ˆ ˆ( , , ,..., )
i E ie e e e e′ = �f I f f f f .                 (3) 

 
Without loss of generality, it is assumed that the 

topological order of 
1 2
, ,...,

kp p pe e e  satisfies 
1 2p pe e≺  

kpe≺…≺ . Obviously, the packet through ei is af-

fected only by the edges with a smaller topological 
order than that of ei. Therefore, Eq. (3) still holds if 
ˆ 0

je =f  for all j ie e; . If the packet which should be 

transmitted through ei is lost, the error component is 
,

i ie ez u−  and ˆ
j je e′= −f f . 

When n=1, we have 
 

11 1

T ( )
p pe e pz u= − = −x f ,                      (4) 

11 1
,( ,0,..., ,0,...)′ = − = −�

i p i i p ie e e e e e pkf I f f f f ,     (5) 

 
where 

1
,p ie ek  is the element of K indexed by 

1
( , ).p ie e  

Hence, the assumption holds. 
If the assumption holds when n=m, that is, 
 

1 2
1 2i i p p pme e i e i e im ek k k′ = − − − −f f f f f… ,        (6) 

 
when n=m+1, the global encoding kernel of the 
packet which should be transmitted through 

( 1)mpe
+

 is 

 

1 2( 1)
1 2p i m m mm

e e p p p p p m mk k k
+

′ = − − − −f f f f f… ,    (7) 

( 1) ( 1)

ˆ
p pm m

e e
+ +

′= −f f .                         (8) 

Then, 
 

1 2 ( 1)

1 2 ( 1)

ˆ ˆ ˆ( ,0,...,0, ,0,...,0, ,0,...,0, ,0,...)

( ,0,...,0, ,0,...,0, ,0,...,0, ,0,...) .

i p p p im

p p p im

e e e e e

e e e e

+

+

′ =

′ ′ ′= − − −

f I f f f f

I f f f f

�

�

          (9) 
Substituting 

pi
e′f  in Eq. (6), we have 

 

1 2 ( 1)
1 2 ( 1)i i p p p m

e e i e i e i m ek k k
+

+′ = − − − −f f f f f… .    (10) 

 
Hence, if the packets through 

1 2
, ,...,

kp p pe e e are lost, 

the global encoding kernel of the ith incoming edge of 
sink t, i′α , can be denoted as 
 

1 2
1 2p p pn

i i t e t e tn ek k k′ = + + + +α α f f f… ,       (11) 

 
where iα  is the global encoding kernel of the ith in-
coming edge of sink t without the packet loss. There- 
fore, the rank of 

1 2
1 2( , ,..., , , ,..., )

p p pn
h e e e′ ′ ′α α α f f f  is h. 

Remark 1    The PLERT strategy does not achieve 
the most efficient retransmission in some cases. As 
shown in Fig. 1c, if packets through AX and DZ are 
lost, two packets, a and b, will be retransmitted ac-
cording to the PLERT strategy. In fact, only one 
packet such as a+2b can satisfy all requests. With this 
motivation, the MRT strategy is proposed. 
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3.4  Minimum retransmission strategy 

Obviously, the source can perform a most effi-
cient retransmission strategy if sinks send ARQs 
containing all global encoding kernels of received 
packets. However, extra bandwidth will be used to 
send ARQs and the whole computation procedure is 
performed by the source. 

Here we present a relatively practical algorithm 
to minimize the number of retransmitted packets of 
the generation-based retransmission. As shown in 
Algorithm 1 and Theorem 2, each sink generates 
orthogonal global encoding kernels of the packets 
satisfying its requirements and sends them to the 
source. The source performs a polynomial determi-
nistic algorithm to generate the minimum number of 
retransmitted packets. The number of these packets is 
the maximum number of packets required by sinks.  

The MRT strategy is executed according to Al-
gorithm 1, which is much like the linear information 
flow (LIF) algorithm proposed in Jaggi et al. (2005). 
Let N=|T| denote the number of sinks and ri denote the 
rank of 1 2( , ,..., )i i ih′ ′ ′α α α , where 1 2, ,...,i i ih′ ′ ′α α α  are the 
global encoding kernels of the received packets of ti 
with the packet loss. 
Lemma 1    (Lemma 8 in Jaggi et al. (2005))    Let 
N≤|F |. Consider pairs (xj, yj)∈F 

h×F 
h with xj·yj≠0 for 

1≤j≤N. There exists a linear combination u of x1, 
x2, …, xN such that u·yj≠0 for 1≤j≤N. Such a vector u 
can be found in time O(N2h). 
 
Algorithm 1    Minimum retransmission algorithm 

1. Each sink ti generates qi=h–ri orthogonal vec-
tors 1 2, ,..., ,

ii i iqβ β β  where 1 2, ,...,
ii i iqβ β β  span the 

subspace being orthogonal with the subspace spanned 
by 1 2, ,..., .i i ih′ ′ ′α α α  Then, these orthogonal vectors are 
transmitted to the source. 

2. The source collects ARQs in the same gen-
eration, and initializes a set Ci for each ARQ. Ci is 
defined as 1 2{ , ,..., }

ii i i iqC = c c c , where cij=βij. 

3. Let q equal the maximum of qi. For m from 1 
to q, perform the following steps (if qi<m, sink ti is 
ignored): 

(1) Applying Lemma 1 to {(cim, cim), 1≤i≤N}, a 
vector γm, which is the linear combination of c1m, 
c2m, …, cnm, is obtained. 

(2) For each ti, cin is updated as 
 

1: ( )( )in in m in m im im
−= − ⋅ ⋅c c c γ c cγ ,          (12) 

 

where m+1<n<qi. 
Since 1 2, ,...,

ii i iqβ β β  are linearly independent 

and cin is the linear combination of 1 2, ,..., ,
ii i iqβ β β  

cin≠0. Based on Algorithm 1, q vectors, γ1, γ2, …, γq, 
are generated. As shown in Theorem 2, γ1, γ2, …, γq 
are the global encoding kernels of retransmitted 
packets. 
Lemma 2    The following properties hold for all 
sinks throughout step 3 of Algorithm 1:  

1. γu·ciu≠0 and γu·civ=0 for u≠v. 
2. 0iu iv′ ⋅ =α c  for u=1, 2, …, h and v=1, 2, …, qi. 

Proof    Obviously, these properties hold before step 3 
starts. In the mth loop, only civ with v>m are updated. 
Therefore, only civ with v>m need to be verified. Let 

iv′c  denote the value of civ after the update. 
1. That γu·ciu≠0 is obvious because ciu is not 

changed since γu has been generated. 
In the mth loop, if v>m, we have 

 
1( )( ) ( ) 0.m iv m iv m iv m im m im

−′⋅ = ⋅ − ⋅ ⋅ ⋅ =γ c γ c γ c γ c γ c  
 

For u<m and v>m 
 

1( )( ) ( ) 0.u iv u iv m iv m im u im
−′⋅ = ⋅ − ⋅ ⋅ ⋅ =γ c γ c γ c γ c γ c  

 

2. civ is the linear combination of 1 2, ,...,
ii i iqβ β β  

throughout the whole loop. From the generation 
method of 1 2, ,...,

ii i iqβ β β , we have 0iu iv′ ⋅ =α c . 

Theorem 2    For each sink ti, the rank of 
1 2 1 2( , ,..., , , ,..., )

ii i ih q′ ′ ′α α α γ γ γ  is h, where 1 2, ,...,
iqγ γ γ  

are vectors generated by Algorithm 1. 
Proof    Let Ri denote the received global encoding 
kernels of sink ti. Ri is initialized as { 1 2, ,...,i i ih′ ′ ′α α α }. 
In the mth loop of step 3, γm is generated. From 
Lemma 2, it is inferred that for each vector λ∈Ri, 
λ·cin=0 while n≥m and γm·cim≠0. It means that sub-
space Φ spanned by vectors in Ri is orthogonal with 
the subspace spanned by ( 1), ,...,

iim i m iq+c c c  and γm∉Φ. 

After γm is added into Ri, the rank of Φ increases by 1, 
i.e., from ri+m−1 to ri+m. After qi loops, each Ri is full 
rank. 
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Remark 2    For four retransmission strategies men-
tioned above, the CRT, RRT, and MRT strategies are 
suitable for any kind of network coding, regardless of 
whether the network coding is centralized or distrib-
uted, the global information is available or unavail-
able, and encoding functions are fixed or randomly 
chosen before every transmission. When the global 
information is not available, the PLERT strategy is 
applicable, but there is a restriction for this strategy. It 
is not suitable if the network coding is executed ran-
domly in every transmission. Moreover, for the CRT, 
RRT, and PLERT strategies, because the encoding 
field size has no constraint, the size of the encoding 
field having a feasible network coding solution is 
enough. For the MRT strategy, the encoding field size, 
which is not smaller than the number of the sinks, is 
feasible. 

Then, we analyze the overhead of retransmission 
strategies, such as the decoding delay, the buffer size, 
and the computational complexity. 

The drawback of generation-based retransmis-
sion strategies is that if the packet loss rate is high, the 
packet loss occurs continuously for a large number of 
generations. In this case, the decoding delay is large, 
which leads to a large buffer size of sinks. Obviously, 
in all of our proposed retransmission strategies, if the 
packet loss does not occur during one generation 
transmission, all former generations related to it can 
be decoded.  

Hence, the expected decoding delay is 
 

rtt( / ) (1 )e
e E

D T M R p
∈

= + −∏ ,            (13) 

 
where Trtt, used to wait for all ARQs in the same 
generation, is the maximum RTT of paths between 
the source and sinks, M is the size of the generation, R 
is the bit rate of the source, and pe is the packet loss 
rate of edge e. 

The expected buffer size of the sink is 
 

Buf=RD.                            (14) 
 
Since all packets that failed to be decoded by the 

sink should be buffered at the source for retransmis-
sion, the expected buffer size of the source is also RD. 

The complexity of the PLERT strategy is cal-
culated simply. Since the number of lost packets, k, 

during one generation transmission is at most |E|, the 
complexity of the PLERT strategy is O(|E|h3), which 
is used to perform the Gaussian elimination. However, 
the average complexity is much smaller than |E|h3 

since k is smaller than |E|. In addition, k is usually 
smaller than h in the wired network. If k<h, the 
complexity is O(h3). 

The computational complexity of the MRT 
strategy can be calculated as follows. To generate 

1 2, ,...,
ii i iqβ β β  in Algorithm 1, we need to solve qi 

systems of linear equations whose dimensions are at 
most h×h. As each system of linear equations is 
solved in time O(h3) and qi<h, 1 2, ,...,

ii i iqβ β β  are 

generated in time O(h4) at sink i. In step 3 of Algo-
rithm 1, applying Lemma 1 takes time O(N2h) and 
updating each cin takes time O(h). In each loop, 
Lemma 1 is applied once, and no more than Nh cin 
need to be updated. Furthermore, the number of the 
loops is not larger than h. Hence, the complexity at 
the source is O(Nh2(N+h)). 
 
 
4  Simulation results and discussions 
 

In this section, we evaluate the performance of 
the four retransmission strategies of the generation- 
based network coding in the packet network with 
randomly generated network topologies, such as 
G1(V1, E1), G2(V2, E2), and G3(V3, E3). We use the 
average number of transmissions per packet as the 
performance metric. Figs. 2a and 2b depict G1(V1, E1) 
with |V1|=15, |T1|=3, h1=4 and G2(V2, E2) with |V2|=22, 
|T2|=3, h2=6, where S is the source and {ti} are sinks. 
G3(V3, E3) with |V3|=40, |T3|=6, h3=8 is not shown due 
to the limited space and the complication of the to-
pology. The packet loss rate of each edge is inde-
pendent and is set to be p, and the bandwidth of each 
edge shown in Fig. 2 is assigned randomly. The linear 
network code is constructed with the random ap-
proach proposed in Ho et al. (2006). 

Simulation results about the performance of four 
retransmission strategies in G1, G2, and G3 are shown 
in Figs. 3a–3c, where the packet loss rate p of each 
edge is randomly assigned ranging from 1/1000 to 
1/100. From Fig. 3, we observe that the PLERT and 
MRT strategies are effective for various scales of 
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network topology. Unlike the RRT strategy, these two 
strategies work well with various encoding field sizes. 
However, the performance of the PLERT strategy 
degrades when the size of the network becomes large. 
The reason for this phenomenon is that inefficient 
cases as shown in Fig. 1c are much likely to occur 
with a large scale network. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

In the following, we select G1 to evaluate the 
performance of four retransmission strategies under 
different encoding field sizes and packet loss rates. 

The performance of four retransmission strate-
gies along with the encoding field size increasing 
from 3 to 257 is shown in Fig. 4, where the packet loss 
rate of each edge is set to 1/100. From Fig. 4, we 
observe that the MRT strategy achieves the best per-
formance regardless of the encoding field size while 
the performance of the CRT strategy is the worst. As 
the encoding field size increases, the performance of 
the RRT strategy improves until it converges to that 
of the MRT strategy with a large enough encoding 
field size. The performance of the PLERT strategy is 
worse than that of the MRT strategy and better than 
that of the RRT strategy with a small encoding field 
size. The reason for this phenomenon is that ineffi-
cient cases as shown in Fig. 1c occur. The perform-
ances of the PLERT strategy and the MRT strategy 
are not sensitive to the increasing of the encoding 
field size. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

The performance along with the encoding field 
size increasing from 3 to 257 is shown in Fig. 5, 
where p is set to 1/1000. From Fig. 5, we observe that 
the performance of the MRT strategy is the best and 

Fig. 4  The average number of transmissions per packet 
under different encoding field sizes (packet loss rate 
p=1/100) 
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Fig. 2  Network topologies for simulations 
(a) G1(V1, E1) with |V1|=15, |T1|=3, and h=4; (b) G2(V2, E2) with 
|V2|=22, |T2|=3, and h=6. S is the source and {ti} are sinks 
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packet with a randomly assigned packet loss rate un-
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the performance of the CRT strategy is the worst. The 
performances of the PLERT strategy and the MRT 
strategy are very similar because inefficient cases as 
shown in Fig. 1c seldom occur in the case of low 
packet loss rate. Meanwhile, the performances of 
these two strategies are stable when the encoding field 
size increases. The performance of the RRT strategy 
is close to that of the MRT strategy when the encod-
ing field size increases. 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 6a shows the performance of four retrans-
mission strategies with the packet loss rate increasing 
from 1/2000 to 1/50, where the encoding field size is 
5. From Fig. 6a, we observe that the performance of 
the MRT strategy is the best, while the CRT strategy 
is the worst. The RRT strategy needs a higher number 
of transmissions per packet than the MRT strategy 
because it requires a large encoding field size. Al-
though the performance of the PLERT strategy is 
close to that of the MRT strategy with a small packet 
loss rate, it degrades when the packet loss rate be-
comes high. The reason for this phenomenon is that 
the bad effect of inefficient cases as shown in Fig. 1c 
becomes serious if the packet loss rate is high. 

Fig. 6b shows the performance of four retrans-
mission strategies with the packet loss rate increasing 
from 1/2000 to 1/50, where the encoding field size is 
257. From Fig. 6b, we observe that when the encoding 
field size is large, the performance of the MRT 
strategy is still the best while the CRT strategy is the 
worst. The performance of the RRT strategy is closer 
to the MRT strategy no matter how large the packet 
loss rate is. However, when the encoding field size is 
large, the performance of the PLERT strategy rapidly 
decays with the increase of the packet loss rate. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
5  Conclusions 

 
Retransmission is an effective method to resolve 

the packet loss problem in the packet network if the 
feedback is available. In this paper, we investigated 
the retransmission technique of generation-based 
network coding in the packet network. We addressed 
four retransmission strategies, CRT, RRT, PLERT, 
and MRT. Simulation results show that the CRT 
strategy executed as the classical retransmission 
scheme has the worst performance. The RRT strategy 
based on the theory of random network coding does 
not work well if the encoding field size is small, but it 
has good performance if the encoding field size is 
large enough. Moreover, the RRT strategy is not 
sensitive to the packet loss rate. The PLERT strategy 
requires any node detecting the loss of expected in-
coming packets to send ARQ. This strategy is not 
sensitive to the encoding field size, but it does not 
work well when the packet loss rate is high. The MRT 
strategy has the best performance with any packet loss 
rate and any encoding field size, but its complexity is 
much higher than that of other three strategies. 
However, the complexity of the MRT strategy is still 

Fig. 5  The average number of transmissions per packet 
under different encoding field sizes (packet loss rate 
p=1/1000) 
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Fig. 6  The average number of transmissions per packet 
under different packet loss rates 
(a) Encoding field size |F|=5; (b) Encoding field size 
|F|=257 
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polynomial. Our future work will focus on analyzing 
the decoding delay of these retransmission strategies 
with numerical results. We will also try to improve 
the PLERT strategy with a high packet loss rate. 
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