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Abstract

Network coding is a promising technology that increases system throughput by reducing
the number of packet transmissions from the source node to the destination node in a saturated
traffic scenario. Nevertheless, some packets can suffer from end-to-end delay, because of a
gueuing delay in an intermediate node waiting for other packets to be encoded with exclusive
or (XOR). In this paper, we analyze the delay according to packet arrival rate and propose two
network coding schemes, iXOR (Intelligent XOR) and 0XOR (Optimal XOR) with Markov
Decision Process (MDP). They reduce the average delay, even under an unsaturated traffic
load, through the Holding-y strategy. In particular, we are interested in the unsaturated
network scenario. The unsaturated network is more practical because, in a real wireless
network, nodes do not always have packets waiting to be sent. Through analysis and extensive
simulations, we show that iXOR and oXOR are better than the Distributed Coordination
Function (DCF) without XOR (the general forwarding scheme) and XOR with DCF with
respect to average delay as well as delivery ratio.
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1. Introduction

Linear network coding and exclusive or (XOR) are two major techniques in network coding.
Linear network coding transforms the packets with the linear equation in every intermediate
node, and the destination node only needs to receive enough of the linear equations in the form
of coded packets to successfully decode the original packets [1][2]. It allows the destination
node to avoid unnecessarily receiving the same packets several times via the retransmission
mechanism after transmission failure. In addition, XOR reduces the number of transmissions
because the intermediate node encodes the packets from both sides into one packet and
broadcasts it to all original destinations in an Alice-Bob topology or X-topology [3]. As a
result, network coding has recently become a spotlight mechanism due to its effect on
improving network throughput and proof of the theoretical maximum network capacity. It was
first shown under the wired multicasting network [4], and later, the wireless network
environment in several papers [5][6][7].

IEEE 802.11 recommended the Distributed Coordination Function (DCF) as the mandatory
function for the Media Access Control (MAC) layer of the wireless Local Area Network
(LAN)[8]. In wireless communication, transmission failures due to packet collisions can occur
when the stations transmit at the same time, because they share the transmission medium—air.
To reduce collision probability, DCF uses a Carrier Sense Multiple Access with Collision
Avoidance (CSMA/CA) mechanism, in which the stations count down a random back-off time
once during each slot time of the idle channel, and they transmit a packet when the back-off
time reaches zero. However, network performance can still decrease due to frequently
occurring packet collisions in a saturated traffic scenario. Therefore, most previous network
coding schemes have only focused on throughput improvement by reducing the number of
transmission packets and collisions in a saturated traffic scenario. However, we are
particularly interested in improvement of network coding with DCF in the unsaturated
network. The unsaturated network is more practical because, in a real wireless network, nodes
do not always have packets waiting to be sent.

Some researchers [9] have investigated throughput performance of physical-layer network
coding (PNC) under DCF [10]. They considered a wireless network where two client groups
communicate with each other across one relay node, and focused on the unsaturated network.
They further derived an approximate closed-form solution for the transmission probability of
client nodes that maximizes PNC network throughput. Even though they [9] considered the
unsaturated scenario, they derived analytical network throughput for only the PNC under DCF.
They did not provide an optimal policy in the relay node to improve performance in the
unsaturated wireless network.

Other researchers [11] first reduced the average delay, even under an unsaturated traffic load,

with DCF through the Holding-y strategy concept to maximize the number of network coding
chances. However, they only provided a heuristic algorithm for the proper Holding-y value
based on simulation in a specific simple scenario without the optimal solution.

Then [12] proposed a network coding algorithm for a video conference system to minimize
the maximal transmission delay during multicast while retaining high throughput at the same
time. Zeng et al. [13] proposed enhanced network coding (ENC) considering a delay-energy
lower bound on two-way-relay wireless network coding. Dong et al. [14] provided a dynamic
network coding model called Dynamic Network Coding with Packet-transmission Delay
Guarantee (DNPDG), which effectively controls packet transmission delay in network coding
by dynamically determining the coding operation and adjusting the size of data generation.
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However, they focused on analyzing the average delay in a specific wireless networks without
DCF and did not consider the unsaturated practical scenarios as well as the trade-off between
throughput and delay.

Our contribution is average delay reduction as well as delivery ratio improvement using
network coding based on IEEE 802.11 distributed coordination function, even in the
unsaturated scenario. Therefore, we first analyzed the delay according to packet arrival rate

and proposed Intelligent XOR (iXOR) using the Holding-x strategy to get more XOR chances.
With the Markov Decision Process (MDP) of optimization theory, we also propose 0XOR

(Optimal XOR) for the optimal Holding-x value. And we evaluated 0XOR, iXOR, XOR and

DCF without XOR (the general forwarding scheme). The rest of the paper is organized as
follows. In sections 2 and 3, we discuss related work and delay analysis under dynamic traffic
scenarios in DCF without XOR and XOR with DCF. Section 4 presents the heuristic proposed
scheme, iXOR. We analyze 0XOR with the Markov Decision Process theory in Section 5.
Section 6 evaluates the performance. Finally, Section 7 concludes the paper.

2. Related Work

2.1 DCF (Distributed Coordination Function)

IEEE 802.11 recommends DCF as the standard mechanism to reduce the collision
probability of stations that share the transmission medium in wireless networks [8]. In wireless
networks, packet collision is unavoidable because the stations are unaware of the time when
their competitors transmit, and several stations transmit simultaneously within the propagation
delay. Thus, IEEE 802.11 recommends the CSMA/CA mechanism, in which the stations count
down a random back-off time once during each slot time of the idle channel, and they transmit
when the back-off time reaches 0 to reduce the packet collision probability.

DCF describes two techniques for packet transmission [15]. The default scheme is a two-way
handshake technique called the basic access mechanism. This mechanism is characterized by
the immediate transmission of a positive acknowledgement (AcK) by the destination station,
upon successful reception of a packet transmitted by the sender station. Explicit transmission
of an AcK is required since, in the wireless medium, a transmitter can determine if a packet
was successfully received by listening for AcK from the destination station.

In addition to basic access, an optional four-way handshake technique, known as the
request-to-send/clear-to-send (RTS/CTS) mechanism was standardized. Before transmitting a
packet, a station operating in RTS/CTS mode “reserves” the channel by sending a special
Request-To-Send short frame. The destination station acknowledges receipt of an RTS frame
by sending back a Clear-To-Send frame, after which normal packet transmission and AcK
response occurs. Since collision may occur only on the RTS frame, and collision is detected by
lack of a CTS response, the RTS/CTS mechanism allows an increase in system performance
by reducing the duration of a collision when long messages are transmitted. As an important
side effect, the RTS/CTS scheme designed in the 802.11 protocol is suited to combat the
problem of so-called Hidden Terminals [16], which occurs when pairs of mobile stations are
unable to hear each other. This problem has been specifically considered elsewhere [17][18],
where the phenomenon of packet capture was also studied.
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2.2 Network Coding

Network coding makes the theoretical maximum network capacity practically achievable by
reducing the number of packet transmissions. There are two specific mechanisms in network
coding, XOR [3] and linear (random) network coding [1][2]. XOR reduces the number of
transmissions in such as way that the intermediate node only broadcasts the packet once after it
has been encoded from packets sent by several transmitters, rather than simply forwarding all
those packets one by one. Several authors implemented an XOR-bit-level network coding
mechanism in a wireless network test-bed, showing that it improves network throughput by 38%
[3][8]. More recently, it was shown that analog network coding [5] utilizing signal
interference, rather than excluding it, reduces transmission time even more than the traditional
bit-level network coding. All these network coding mechanisms could be widely utilized for
reliability gain [19][27], multi-hop network gain[20][25], relay network gain [21][24] [34],
opportunistic routing [7], peer-to-peer networks [23], efficient content distribution
[28][29][33], and energy efficiency [14][22], etc.

In contrast, linear coding [1][2] is where the intermediate nodes forward every packet
linear-transformed by a certain linear equation, and destination nodes decode the original
packets as long as they receive enough of the linear equations in adequate number. Linear
transformation is a multiplication of a vector’s so-called coefficient to the bit-pattern of the
packet that passes through a station, and is called linear coding when the coefficient becomes 1,
whereas it is called random linear coding when the coefficient is less than 1 and larger than 0.
(Random) linear coding is generally applied with packet error recovery [7], a multicast
scenario, and efficient delivery of urgent messages in Vehicular Ad Hoc Networks and
Delay-Tolerant Networking (DTN) [30].

Zeng et al. [13] proposed enhanced network coding with a delay-energy lower bound on a
two-way relay wireless network. In ENC, the relay transmits both coded and uncoded packets
for reducing delay. Generally, in exchange between two nodes, more energy is consumed to
transmit uncoded packets. ENC is a practical algorithm to achieve minimal average delay and
a zero packet-loss rate under a given energy constraint. Dong et al. [14] provided a dynamic
network coding model called Dynamic Network Coding with Packet-transmission Delay
Guarantee (DNPDG). They effectively controls packet transmission delay in network coding
by dynamically determining the coding operation and adjusting the size of data generation.
And in the coding operation, the model schedules and forwards the packets based on
measurement of the current accumulative transmission delay and the service priority of the
packet. Lastly, the acknowledgement information feedback with per-hop transmission
technique promotes packet transmission of various data generations in the relay nodes.
However, these schemes focused on analyzing the fundamental trade-off between average
delay and energy/data size and did not consider the unsaturated practical scenario with DCF as
well as the trade-off between throughput and delay.

Hui Zhang, et al., proposed the network coding algorithm for a video conference system by
minimizing the maximal transmission delay while retaining high throughput at the same time.
They first formulate a minimizing delay in multicast scenario with a network coding strategy
as an optimization problem [12]. It is based on an algebraic framework represented by a
directed graph, G (V, E), with vertex set V representing nodes, and directed edge set E
representing links. However, since this paper assumes the multicast scenario is based on the
wired Internet, end-to-end delay is mainly caused by the propagation delay along the Internet
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route and the buffering delay at the intermediate nodes. They did not consider timely
throughput and unsaturated scenarios considering DCF.

Some researchers have investigated the throughput performance of physical-layer network
coding (PNC) under the unsaturated network with DCF [9][10]. They derived an approximate
closed-form solution of the transmission probability of client nodes that maximizes throughput.
Even though they considered the unsaturation scenario, they only focused on the analytical
network throughput results in a specific wireless network scenario where two client groups
communicate with each other across one relay node. And they did not provide an optimal
policy in the relay node to improve XOR performance in unsaturated wireless networks.

Other researchers [11] first introduced the Holding-y strategy concept to reduce average
delay even under an unsaturated traffic load with DFC by maximizing the number of network
coding chances. However, they only provided the proper Holding-y value heuristically, based
on an extensive simulation in a specific scenario without an optimal solution.

3. Delay analysis under dynamic traffic in DCF without XOR and with
XOR

Fig. 1 shows the delay comparison between DCF without XOR (the general forwarding
scheme) and DCF with XOR. First of all, i) DCF without XOR shows the end-to-end delays
taken by each packet generated from source nodes 1 and 3 to destination nodes 3 and 1,
D1-wo-xor and Dz.wo-xor, respectively. Di.yo-xor IS composed of the time (C,) for source node 1
to compete for and grab the channel, the time (T,,) for the packet to be transferred from
source node 1 to intermediate node 2, the time (C,) for intermediate node 2 to compete for and
grab the channel, and the time (T_3) for the packet to be transferred from intermediate node 2
to destination node 3. Similarly, D3.wo-xor Can be derived like D1 yo.xor- AN, Aj 3.w0-xor MeANS
the average delay of the packets from nodes 1 and 3.

In contrast, ii) DCF with XOR shows the end-to-end delays of the packets from source nodes
1 and 3 to destination nodes 3 and 1 via broadcast transmission of the coded packet in
intermediate node 2: Dy.w.xor, Daw.xor, respectively. Di..xor iS composed of the time (C,)
when source node 1 competes for and grabs the channel, the time (T,,,) when the packet is

transferred from source node 1 to intermediate node 2, the time (x) when the packet from the

source node 1 is queued in intermediate node 2 to wait for a packet generated by another
source (node 3) to be encoded, the time (C3) when source node 3 competes for and grabs the
channel, the time (Ts_,2) when the packet is transferred from source node 3 to intermediate
node 2, the time (C,) when intermediate node 2 competes for and grabs the channel, and the
time (T,_,1,3) when intermediate node 2 broadcasts and successfully delivers the coded packet
to destination nodes 3 and 1. Ds.xor Can be also interpreted like D;..xor. HOwever, the
packet from node 3 does not wait at intermediate node 2 because the packet from node 1, being
coded, is already in the queue of intermediate node 2. And in fact, D3z..xor IS NOt needed
because it could be part of D;..xor- AS a result, the average delay A;s.w.xor iS generally
shorter than Ajzwe-xor IN the saturated scenario, because XOR reduces the number of
transmissions.
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Fig. 1. E2E delay comparison, i) DCF without XOR and ii) DCF with XOR

However, A; 5 w xor €an be longer than A 5 w, xor due to the holding time, x, according to the

packet arrival rate, specially in the unsaturated scenario. Based on this motivation about the
relationship between the delay and the packet arrival rate in a network coding—capable

wireless network, we propose two strategies, iXOR using the heuristic Holding-x, and oXOR

with the optimal holding x value, to get more XOR chances, even in the unsaturated network
scenario based on IEEE 802.11 distributed coordination function.

4. iXOR (Intelligent XOR) using Holding-x strategy in an ad hoc network

To design iXOR in an ad hoc network, we define several terms, as follows.
e W, — the waiting time of Alice’s packet in the queue of the intermediate node for
Bob’s packet to arrive and to be encoded
* Wa i, Wai — two cases for waiting time of Alice’s packet in the queue of the
intermediate node according to the arrival of Bob’s packet

Fig. 2. shows the meaning of W, ; and W, ji. Specifically, i) Fig. 2(a) shows when Bob has a
packet to transmit at time t, while Alice’s packet is transmitted to the relay node. As a result,
the waiting time for Alice’s packet in the queue of the intermediate node to be encoded with
Bob’s packet, W, ; , is Bob’s packet’s transmission time, T. Otherwise, i) Fig. 2(b) shows
when Bob has a packet to transmit at time t, after Alice’s packet is transmitted to the relay node.
As a result, the waiting time for Alice’s packet (in the queue of the intermediate node) to be
encoded with Bob’s packet, W, ji, is the time to Bob’s packet generation and transmission
from Bob to the relay node, t+T-T. Time t in Fig. 2(b) is when Bob has a packet to transmit;
the first capital T is the transmission time of Bob’s packet from the Bob node to the
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intermediate node, and the second capital T is the transmission time of Alice’s packet from the
Alice node to the intermediate node. The reason for the negative effect of transmission time T
for Alice’s packet is that Bob has to wait until time t to at least have a packet. Therefore, the
meaning of the value “t+T-T” is the needed time for Alice’s packet to wait in the middle node

to code with Bob’s packet.
W, =T,0=t=<T W, =t T<t<ow

icasel iijycase2 T

Alice Alice

Relay | Relay |
Bob | Bob |

N

] |
pkt arrival pkt avrival
W =T W =t
() case i (b) case ii

Fig. 2. Two cases of waiting time of Alice’s packet at the intermediate relay node,
WA_i and WA_ii-

As a result, if we assume that packet arrival rate A is an exponential distribution, we can
calculate the expectation of the waiting time for Alice’s packet E[W,] by considering E[Wa ;]
and E[Wa ;] in Eq. (1) and Eq. (2).

e E[Wa ], E[Wa ii] — the expectation of Alice’s packet waiting time in each case

i

EI:WA_J']: Gai Wy, = IDT Ae™ - Tdt = (— e ™ T]Z = (e_’!f -T]T =T—-e™.T

e - (At + 1)}

E[WA_J.!.]: qA_n_ . WA_;‘;‘ — I: /le—j‘.r . Idt _ [_ /‘l

o

_ e TaT+1)
: 8 M)

e E[W,] - the expectation of Alice’s packet waiting time
- AT

O L

Each probability of case i) and case ii), ga jand ga ji, is @ cumulative distribution probability
according to each duration of the probability density function of the exponential distribution,

Ae™Min Eq. (3). T is the channel occupation time (DIFS+backoff+Tx+SIFS+AcK+round-trip
propagation delay), and t is the generation time for Bob’s packet.

Qs = JZ ie Mt =1-e™
. ©)
Q4 ;= J; reMdt =e™
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Along the same lines, we can also define the waiting time for Bob’s packet in the queue of the
Bob node as follows. Fig. 3. shows the meanings for Wg ; and W j;.
e Wg - waiting time for Bob’s packet in the queue of the Bob node for Alice’s packet to
be delivered to the intermediate node
* Wsg i, Wg i —two cases of waiting time for Bob’s packet in the queue of the Bob node
according to Bob’s packet arrival

W, =Tt W, =0
easel 7 ii) case 2 T
Alice Alice
Relay H:FH Relay H:FH
Bob Bob |
p;cf c;_ val ' pkt arvival
Wy =T Wy y=0

Fig. 3. Two cases of waiting time of Bob’s packet in the Bob node, Wg jand Wg j;.

As a result, we can also calculate the expectation of Bob’s packet’s waiting time E[Wg]
considering E[Wg.] and E[Wg_i] in Eq. (4).

e E[W;.], E[Wz.] — the expectation of Bob’s packet’s waiting time in each case
e E[W;] - the expectation of Bob’s packet’s waiting time

E[WB] = E[WB,/]"' E[WB,//] =Qp , Ws ,+0a5 ;-0=E WB,/]

- JJ a6 (T —thot :ew(ﬂ(f ~7)+ 1)|T et @
0 1 —l

b

Finally, we can get the total waiting time of DCF with XOR in Eq.(5) since in this paper, the
overall waiting time is the summation of each holding packet for the network coding in any
queues due to the busy medium based on IEEE 802.11 distributed coordination function.

2¢ M -1
E[WXOR]= E[WA]+E[WB] =21+
()
Fig. 4. shows the comparisons of E[W,] and E[Wg] for each packet according to the packet
arrival rate, A, and packet size T. And Fig. 5. shows E[Wxogr] of the XOR exchange system. It
shows that the network coding introduces a longer delay when packet arrival rate A is very low.

Therefore, we need to find the proper Holding-x at the intermediate node to reduce the average
delay.
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Fig. 4. E[W,] and E[Wg] comparisons of each packet

E[W, ] for the XORexchange system
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E[W, ozl - expected waiting time
N

6 5

4 3 2
A, arrival rate of the packet
Fig. 5. E[Wxor] for the XOR exchange system

To compare DCF without XOR and DCF with XOR, we in detail explain the case studies of
DCF without XOR. These are classified into DCF without RTS/CTS and DCF with RTS/CTS as
shown in Figs. 6 and 7, respectively.
1) DCF without RTS/CTS

This is classified into three cases according to Bob’s packet arrival rate. In the saturation and
middle-saturation scenarios with 0<t<T and T <t < 2T, respectively, we again have two cases
based on the channel taking chances between the Alice packet and Bob packet. In case of the
unsaturated scenario with 2T <t, there is a single case where each packet from Alice and Bob
is transmitted to each destination in the order named.

And we can calculate the expected total waiting time based on the DCF without RTS/CTS of

Fig. 6 in Eq. (6). The probability o is so low that the second case of the middle-saturation

scenario can be ignored. Therefore, only the two cases of the saturation and the first case of
middle-saturation scenarios are considered to get the expectation delay of E[Wpcr].
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Fig. 6. The case studies of DCF without XOR (w/o RTS and CTS)
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2) DCF with RTS/CTS

With the DCF with RTS/CTS exchange protocol, we only think about i-ii), ii-ii) and iii) cases
of Fig. 6, as shown in Fig. 7. The relay node can calculate the transmission duration of the
Alice packet after receiving the RTS control packet from the Alice node. And the relay node
can send CTS with information about the next transmission turn and time, as well as
acknowledge the RTS. For example, in ii) and ii) cases of Fig. 7, Bob (receiving the CTS from
the relay node) can transmit the corresponding packet to the relay node at the given time after
CTS. However, if the corresponding packet from Bob is lately generated under the severe
unsaturated scenario, as shown in case iii) of Fig. 7, the relay node should just forward the
Alice packet to the Bob node to minimize the average end-to-end delay. Eq.(7) is the expected
total waiting time based on the DCF with RTS and CTS of Fig. 7.

- e “(1+Alt-27))
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At last, we can get the cross point of the light blue, which gives the motivation for the
proposed scheme, iXOR, as shown in Fig. 8. iXOR opportunistically exchanges the function

from XOR to DCF, or conversely, according to packet arrival rate A. Specifically, in iXOR, the
relay node holds Alice’s packet until it gets Bob’s packet, as long as the arrival rate of the
packet is larger than the cross point of the light blue. On the other hand, the relay node does not

hold Alice’s packet but forwards it directly to the destination based on DCF when the arrival
rate of the packet is smaller than the cross point of the light blue to reduce the average delay.

Delay comparlson of XOR (E[Wo,1) with DCF (E[W oA

241

— XOR,T=101
- DCF,T=101
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HW] - expected vwaiting time

»
L

-
*

-
L Lol » » Lt .y

ZIB 1I3 E.E 2.5 1.26
A, arrival rate of the packet
Fig. 8. Delay comparison between
DCF with XOR (E[Wxor]) and DCF without XOR (E[Wpck])
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Therefore, motivated by the previous part and Fig. 8, we focus on the holding time, x, to
reduce the average delay with iXOR in the various scenarios, according to packet arrival rate A.
Fig. 9 shows iXOR using the Holding-y strategy in ad hoc networks. The proposed scheme
considers three scenarios according to packet arrival rate A. In the first scenario with the low

enough arrival rate A, after a packet from node 1 has arrived at intermediate node 2,
intermediate node 2 cannot XOR-encode with another packet from node 3. Even though

intermediate node 2 waits for the Holding-y for another packet from node 3, it is not delivered
to intermediate node 2 within the Holding- . Specifically, time t for packet arrival from node 3

is longer than the Holding-x (t>x and x#0). In the second scenario, with the medium arrival

rate, intermediate node 2 can XOR-encode the two packets from nodes 1 and 3 because, after a
packet from node 1 arrives at intermediate node 2, the packet from node 3 arrives at

intermediate node 2 within Holding-y (t<y and x#0). And in the third scenario with the high
enough arrival rate, intermediate node 2 can instantly XOR-encode the packets from nodes 1

and 3 regardless of Holding- y because, after a packet from node 1 arrives at intermediate node
2, the packet from node 3 immediately arrives at intermediate node 2 before Holding-x (x=0).

In the proposed scheme the intermediate node opportunistically uses the Holding- x strategy
according to the packet arrival rate to get more XOR chances. Heuristically, we can get the

proper holding time, x=0.03 ms, through the extensive simulations.

1. Low enough arrival rate = DCF without XOR

Node 1—— =

3. High enouagh arrival rate = DCF with XOR
Nodel - - #

Node 2 —————pmm
Node 3 — fr

Packet arrival

Fig. 9. iXOR using Holding- y Strategy

5. 0XOR (Optimal XOR) using Markov Decision Process

To compare the difference between the previous heuristic algorithm, iXOR, and an optimal
solution, we develop optimal policies that yield a transmit/wait decision at each time instant in
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the relay node to optimize the timely throughput over DCF. We define our objective as the
maximum long-run average throughput and minimum delay on a per-unit-time basis. Thus, we
proposed 0XOR based on the optimal policies. In this scheme, the relay node can transmit and
incur a transmission cost for forwarding a single packet. It can also wait in the hope that a
codable packet will arrive, which allows the transmission cost for broadcasting the XOR-ed
packet as well as the latency cost for holding a packet. For that, in Fig. 10 the relay node
maintains two queues ga and g, such that g, and gg store packets that are needed to be
delivered to the nodes Alice and, Bob respectively. If both the queues are not empty, then, it
can forward the two packets from these queues by performing a bitwise XOR operation.
However, if one of the queues has packets to transmit and the second queue is empty, the relay
node should wait the optimal time for a coding opportunity.

To compare 0XOR with iXOR, we first consider Alice and Bob topology with a single relay
node, and assume that arrivals into both the queues follow independent Bernoulli processes
[26]. We find that the optimal policy is a stationary queue-length threshold policy with one
threshold for each queue at the relay. Its action is simple: if a coding opportunity exists, code
and transmit; else if the threshold for that queue is reached, it transmits a packet. We show how
to find the optimal thresholds, and find the exact expressions for the expected throughput and
latency based on the stationary distribution of the Markov Chain when controlled by this

policy.
5.1 Markovian Model

To develop a strategy for the relay to decide at every transmission opportunity, for its best
course of action, we use a Markov Decision Process (MDP) model. Forn=A,Bandt=0, 1,
2, ..., let Q be the number of packets in a queue of n at the end of the time slot t, just before
an opportunity to transmit as showin in Fig.10.

q, (1.3

}Q;"]Q:: Q7
® @

Bo(A®B)=A <« (A®B)>A®(A®B)=8
Fig. 10. Wireless network coding in a downlink scenario

Let A; be the action chosen at the end of the tth time slot with A; = 0 implying that the action is
to do nothing but wait, and A; = 1 implying that the action is to transmit. We define costs for
the transmission and latency. Let Cy xor be the transmission cost for broadcastingthe XOR-ed
packet. Let Cy g be the transmission cost for forwarding a single packet and let C,, be the
latency cost for holding a packet for a length of time which is equal to one slot. They are
calculated by the expected transmission count (ETX) and the expected transmission time (ETT)
[31][32] metrics. Cy xoris the ETT for the relay node to broadcast a XOR-ed packet with a low
rate to the two destinationnodes while Cy g is the ETT for the relay node to unicast a single
packet to one destination node. Without loss of generality, we assume that if a packet was
transmitted in the same slot through which it arrived, its latency cost is zero. On the other hand,
if a packet was transmitted through a different slot from which it arrived, C is ETT/ETX. Our
objective is to derive an optimal policy that maximizes the long-run average throughput while
minimizing the average delay per slot. For this, we define the MDP {(Qy, A;), =0} where Q; =
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(Q, Q%) is the state of the system and A is the control action chosen at a time t. The state space
(i.e. all possible values of Q) is the set{(i, j - integers): i>0, 0<j<I or >0, 0<i<1} as shown in
Fig. 11. Let C(Qy, A;) be the cost incurred at time t in Eq. (8) if the action A is taken when the
system is in state Q..

C(Qt'A) = Cw([QtA - A&]Jr +[QtB - A\]+) +Ctx'A\ )

Co = Cox_xor: if XOR-ing
Coc = Cox_twd » if forwarding

(8)

where, [x]" = max(x,0). For the MDP {(Q,, A)), t>0}, the transition probability (Py, P, P3) from
a state Q; to Q. that is associated with the action A;={0,1}. This can be derived from the
different Bernoulli arrival rates (pa, ps) and the optimal policy is of the threshold type as in
shown Fig. 11.

There exist the optimal thresholds h and I of each queue size for the packets to wait. The
optimal deterministic action in states (i, 0) is to wait if igi; and to transmit without coding if
i>h . While in state (0, j), it is to wait if jsj; , and to transmit without coding if j >k
Therefore, the optimal thresholds h and kb forthe long-run average throughput per slot are
(in Jg) =

arg max i 2-'1Ll(iA’ jB)+G-(iA-l Js) _ (9)
‘e Ctx_XOR/’l(IA’ Je)+ Ci waC (Ia, Jg) + €004, Jg)

Eq. (9) shows the way how to derive an optimal policy that maximizes the long-run average
throughput while minimizing the average delay per slot. To maximize the average throughput,
the denominator with the average delay should be reduced.

As shown in Fig. 12, the expected number of XOR-ed transmissions per slot is the states with
the red circles. It can be derived by,

iA jB
iy, jg) = pBZ”i,o + pAZ”o,j

i=1 j=1 (10)
The expected number of forwarding transmissions per slot is the states with the yellow circles.
It can be derived by,

o(in, jB)sz(l_pB)ﬂiA,O +Ppg(1- pA)”O,jB (11)

The average number of packets in the system at the beginning of each slot is the states with the
blue circles. It can be derived by,

iA jB
Plia Ja)= zﬁi‘o +Z”0,i
= = (12)

To complement the optimal solution with the steady-state probabilities of the Markov chain
from the MDP problem, we define two variables. Let X tA be the number of packets from node
A at the beginning of the tth slot before any arrival or transmission. It is crucial to note that, this
observation time is different from the time when the MDP is observed. Then, the bivariate

stochastic process {( X;*, X} , t>0} is a discrete-time Markov chain only consisting of the
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states with the white and blue circles as shown in Fig. 12. The states are (0, 0), (1, 0),(2,0), . . .,
(ia, 0), (0, 1), 0, 2), . . ., (0, ig). Define « as a parameter such that, ¢ = €= Pe) Pa /(1= PA)Ps

T -
And let ") be the steady-state probabilities of the Markov chain. To prove the balance
equations for 0 <i<i, and 0 <j<jg, we define two equations as follows:

_ i
72-"0 _a 72-010

! (13)
T, =l a’
0,] 0,0 (14)
oo + 272'/-,0 + 7y, =1
Since, 2 we have,
11—t 1-1/a’*
70,0 =1/( )+ ( )—1}
l-o 1—}/
o (15)

Py = (1-pa)(1-pg)
< P, = pa(1-p5)
gLy P = (1-pd Ps

Fig. 11. Markov Decision Process Model for oXOR
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Fig. 12. A steady-sate transition diagram for oXOR with the optimal thresholds

6. Performance evaluation

To get the proper holding deadline, x, we evaluate the average delay and the delivery ratio

of DCF without XOR, DCF with XOR, iXOR and 0XOR with the event-driven simulator NS-3
under the various scenarios. The parameters used in simulations are summarized in Table 1.

Table 1. Simulation Properties

Meaning Value

Number of nodes 100

Packet arrival rate Poisson arrival
Transmission time 12msec

Mean inter-arrival time 48msec

Packet size 1500byte

Data rate 1Mbps

Fading model Rayleigh fading signal
Holding-y 0.3msec

Fig. 13, 14 and 15 show the average delay of DCF, XOR, iXOR; (w/o RTS/CTS), iXOR, (w

RTS/CTS) and 0XOR according to the holding yx, “chi”, in unicast, multicast and broadcast
scenarios, respectively. Because DCF and XOR do not involve “chi” parameter, the average
delays of them are unchanged according to the “chi”. And when the “chi” is zero, iXORy,
iXOR, and oXOR work exactly the same as XOR. While the “chi” is increased until 0.3msec,
the average delay of iXOR and 0XOR schemes outperforms XOR. However, if the “chi” value

is longer than 0.3msec, the holding-y can be rather overhead in the unsaturated scenario. The

reason why 0XOR is better than iXOR; and iXOR,, it can find the optimal holding time based
on the MDP process. However, the gain between 0XOR and iXOR schemes is not quite
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amazing since the holding-x (i.e., y =0.3msec) based on the extensive simulations of the

previous our work [11] can reach the optimal value. Therefore, the contribution of this paper is
the average delay reduction as well as delivery ratio improvement using the Markov Decision
Process (MDP) of optimization theory firstly in the unsaturated scenario. And through the
evaluation results, our previous heuristic algorithm (i.e., iXOR [11]) is proved meaningful
since it can reach the optimal solution (i.e., 0XOR) of this paper with the small gap.

Fig. 16 shows the average delay according to the packet arrival rate A, “lambda” in unicast

scenario. It shows that iXOR and 0XOR schemes outperform XOR regardless of the “lambda”.
Fig. 17 show the busy ratio of DCF, XOR, iXOR; (w/o RTS/CTS), iXOR, (w RTS/CTS) and

0XOR according to the holding x, “chi”, in unicast. Busy ratio means the wireless channel

occupation ratio. iXOR and 0XOR schemes outperform DCF and XOR because they can
reduce the number of transmissions through more coding chances. Due to the similar reasons,
the delivery ratios of iXOR and 0XOR schemes are also better than DCF and XOR as shown
Fig. 18. Fig. 19 shows the delivery ratio according to the number of nodes to consider
multiuser effects. Apparently, there is a trade-off between throughput and collisions in
multiuser case. More users will lead to higher throughput gain whereas it will bring much
more collisions. However, generally multiuser increase network coding chances in iXOR and
0XOR schemes. Specifically, iXOR; is very similar with 0XOR since it can solve the collision
problems with RTS and CTS than iXOR;.

Average delay with Holding-x strategy (Unicast Scenario)

240 T T T T T T T T
: : : : : : OXOR ——
D2 e iXOR2(w/ RTS and CTS) -
: : : : : : XOR1{w/o RTS and CTS) —%—
ZDD [ H H H H H H XOR B
: : : : : . DCF
g 180 : : : : : : : : .
L : : : : : : : :
B 10 b e ]
L)
%140__
o
g
=

60 1 1 1 1 1 1 | 1 1
1] 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
Holding-x{msec)

Fig. 13. Average delay with holding-x in unicast scenario

Average delay with Holding-x strategy (Multicast Scenario)
240 T T T T T T T T

T
OXUOR —+—

BP0 fe b XOR2({w/ RTS and CTS) -
: : : : : : XOR1(w/o RTS and CTS) —#%—
DO [ b XOR —8— -

B B B B B B DCF

Average delay(sec)

L20 e

80 e

60 i i i i i i i i i
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5

Holding-x{msec)

Fig. 14. Average delay with holding-y in multicast scenario
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Average delay with Holding-x strategy (Broadcast Scenario)

240 T T T T T T T T T
: : : GHOR ——
220 |oemeeeebe bbb XOR2(wf RTS and CTS) —3— o
: : : : : . IXOR1{w/o RTS and CTS) —#—
: DCF
180 e ]
160 | i
120 b i
100
ol
50 i i i i i i i i i
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
Holding-x{msec)
Fig. 15. Average delay with holding- y in broadcast scenario
Average delay with Lambda (Unicast Scenario, Chi=1.2msec)
T T T T T T T
200 oXOR —— -
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Busy Ratio with Chi (Unicast Scenario, Lambda=0.02pkt/msec)
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Fig. 17. Busy ratio according to chi (=holding-x)
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Delivery Ratio

Delivery Ratio

In this paper, we analyzed the average delay and timely throughput according to the packet
arrival rate A in a network coding capable wireless network with Markov Decision Process

(MDP) and proposed the iXOR and oXOR using holding-y strategy in ad-hoc network.

Through the simulation and analysis with MDP, we can get the optimal holding- y value. And
we found iXOR and oXOR outperform DCF and XOR schemes if the intermediate node

Delivery Ratio with Chi (Unicast Scenario, Lambda=0.02pkt/msec)

0.984

T T T T T
_ : ; . GXOR —+—
— XOR2[w/ RTS and CI5)

3 : f
0.04 b . ]
0.97 . ]
0.0t : 8 5 A
0.88 i i
0 0.05 0.1 0.15 0.2 0.25 0.3
Chi
Fig. 18. Delivery ratio according to chi (=holding-yx)
Delivery Ratio with multiuser (Unicast Scenario, Lambda=0.02pkt/msec)
1 T T T T T T T
L : i ; QxR
el omwRisemdCT)

0,92 e .

0.0 a
0.86 i i i i i i i
2 3 4 5 6 7 8 9 10

The number of nodes

Fig. 19. Delivery ratio according to the number of nodes

Conclusion

opportunistically XOR-encodes the packets with the optimal holding- .

4407
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