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Abstract 
 

Cooperative communications and network coding schemes have been proposed to increase 
system throughput for ad hoc networks. In this paper, we present throughput and delay 
analysis of the new network coding-enabled cooperative MAC protocol called NC-MAC, 
which has been proposed by us in order to significantly enhance system performance. This 
protocol introduces an approach that can accommodate both cooperative communication and 
network coding for wireless ad hoc networks by slightly increasing overhead and modifying 
standards. The protocol's performance is evaluated using mathematical analysis and computer 
simulation and two performance measures, system throughput and average channel access 
delay, are used for a performance comparison with previous schemes. It is assumed that all the 
frames exchanged over a wireless channel are susceptible to transmission errors, which is a 
new but more reasonable assumption differentiating this research from previous research. 
Numerical results show this protocol provides significantly enhanced system performance 
compared with conventional cooperative MAC protocols used in previous research. For 
instance, system performance is 47% higher using the NC-MAC protocol than when using the 
rDCF protocol. 
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1. Introduction 

Ad hoc networks are more advanced than the mobile communications networks available 
today. This is because they use homogeneous mobile nodes and they can directly 
communicate with each other over a wireless channel, which is impossible in mobile 
communication networks or conventional wireless LANs with access points [1]. However, all 
wireless communication networks, including ad hoc networks, have a critical problem: limited 
bandwidth compared with wired networks. Therefore, one of the most challenging problems is 
how to improve system performance, which involves increasing the frame transmission rate at 
the data link layer. To achieve this higher transmission rate, received signal-to-noise ratio 
(SNR) or receiving capability at the receiving node is required to be improved. The IEEE 
802.11 wireless local area network (WLAN) standard, including the physical and data link 
layers, is widely deployed  because its distributed coordination function (DCF) functionality is 
based on carrier sense multiple access with collision avoidnace (CSMA/CA) and it provides 
good performance by resolving hidden and exposed terminal problems with any one-hop 
communication [2]. 

To improve the system performance, recent wireless networks such as worldwide 
interoperability for microwave access (WiMAX) and WLAN use link adaptation schemes. 
Such schemes use 64-QAM under good wireless channel conditions to increase the 
transmission rate, but use QPSK under bad channel conditions for reliable transmission. On 
the other hand, cooperative communications are introduced to significantly improve system 
performance [3]. This kind of communication is used when a direct communication link 
between a source node and a destination node is operating under bad channel conditions, and 
thus this direct link cannot attain high-rate transmission. In this situation, another node, called 
a helper node, is involved and relays frames as an intermediate node. Usually, the link 
conditions between a helper node and a source or a destination node are better than a direct 
link, and thus the average frame transmission rate increases due to link adaptation. Since the 
destination node can receive the same frame via more than two senders, the source node and 
the helper node, this cooperative protocol is sometimes called the distributed MIMO 
(multi-input multi-output) scheme. 

In order to significantly improve system capacity, a network coding scheme is introduced. 
To help understand the network coding scheme, a simple Bob and Alice model is shown in Fig. 
1, where Alice and Bob want to exchange a pair of packets via a router [4]. The current 
approach requires four transmissions for exchanging their packets. In the case of a network 
coding approach, however, Alice and Bob transmit their respective packets to the router, 
which combines the two packets based on an XOR coding rule and then broadcasts the 
XOR-ed version. Alice and Bob can retrieve each other's packet by XOR-ing again with their 
own packets. Thus, it takes three transmissions instead of four and the saved transmission 
resource can be used to increase system throughput. 

In this paper, we present the performance evaluation of a network coding-enabled 
cooperative MAC (medium access control) protocol proposed in [15] by us, called the 
NC-MAC protocol, which is the combination of a cooperative protocol and networking coding 
scheme, and we evaluate its performance using analysis and simulation. This paper, which is 
an enhanced version of our previous work, makes two key contributions. One is the 
performance evaluation of this protocol using both mathematical analysis and computer 
simulation under the important assumption that all the frames transmitted by any node are 
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susceptible to transmission errors due to a bad wireless channel. This was not discussed in 
previous related research [5][6][9][10][13]. The other is that two different performance 
measures, system throughput and average channel access delay, are derived. 

A survey of related studies appears in Section 2 and the NC-MAC protocol is described in 
detail in Section 3. The protocol's performance is evaluated using mathematical equations in 
Section 4, and numerical results of the analysis and computer simulation are presented in 
Section 5. Finally, this paper is concluded in Section 6. 
 

 
Fig. 1. Bob and Alice model 

2. Related Work 
Most recent studies about the cooperative MAC protocol for ad hoc networks are based on the 
IEEE 802.11 WLAN protocol. This WLAN protocol is based on the distributed coordination 
function (DCF) scheme and is anticipated to be used in the next generation of ad hoc networks. 
Bianchi [5] evaluated the performance of the DCF protocol using queuing theory. In his 
research, it was assumed that every node has frames for transmission in its buffer, which is a 
common assumption called the saturated condition, and that every contention window in a 
binary exponential backoff procedure doubles its window until the number of backoff stages 
for each node reaches the designated maximum value. However, this model has one problem: 
every node tends to send a frame until it finally succeeds in sending this frame, even after the 
number of backoff stages reaches the designated maximum value.  
Tantra [6] solved the problem with Bianchi’s model and proposed a new system model that 
comes close to the standard. In Tantra's model, when the number of retransmissions at a source 
node reaches the designated maximum value, the node terminates its retransmission and 
discards its related frame. According to a numerical result not shown in this paper, those two 
models have a large difference in system throughput, especially when the traffic load is heavy. 
On the other hand, wireless LAN standards such as IEEE 802.11a and IEEE 802.11g use the 
link adaptation scheme, which chooses a modulation and channel coding scheme based on the 
current channel status (i.e., received SNR value). The receiver-based auto rate (RBAR) 
scheme, which came up with a modifed frame header format needed for implementing the link 
adaptation scheme, was proposed in [7]. According to this scheme, the appropriated frame 
transmission rate is decided in the receiver node based on the measured current channel quality 
and this idea opened the study on cooperative MAC protocol in the link layer.  

Based on the wireless LAN protocol currently available, various cooperative MAC 
protocols were suggested [8][9][10][11]. The CMAC protocol and the FCMAC protocol, 
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which is a combination of the CMAC protocol and an error control scheme, were proposed in 
[8]. This cooperative MAC protocol can be implemented with slight modifications to the 
current IEEE 802.11 WLAN standard, which is one of its advantages; however, it doesn't 
specify how to select helper nodes. Zhu and Cao proposed an rDCF scheme that is based on 
the DCF protocol [9]. In this protocol, every node calculates the received SNR value (or 
corresponding frame transmission rate) for all the wireless channels between neighboring 
nodes and itself by checking the received frames. The nodes store the SNR values in their 
willing list and periodically share that list with other adjacent nodes. Nodes receiving the 
willing list store it in their relay tables. Whenever a packet is generated in a source node, the 
relay table is searched first to find a helper node that can provide a better transmission link 
than the direct transmission link between the source node and the destination node. If an 
appropriate helper node exists, then the source node transmits an RRTS1 (Relay RTS1) frame 
for cooperative communication to the helper node rather than the destination node. A 
CoopMAC protocol that has different procedures to transmit control frames was proposed in 
[10].  

Overall procedures of the rDCF scheme and the CoopMAC scheme to exchange control 
and data frames are quite similar but it is noticeable that the CoopMAC protocol clearly 
explains its procedure to choose helper nodes using mathematical equations. The performance 
analyses of rDCF scheme and CoopMAC scheme were given in their works, respectively, 
under the assumptions that transmission errors for bad wireless channel do not take place and 
that there are always packets in source nodes’ buffers. As a performance measure, they used 
only saturated throughput and their numerical results were compared with those of RBAR 
scheme. On the other hand, a new reliable cooperative MAC protocol, called RCO-MAC, was 
proposed in [11] by us, too. In order to overcome the erroneous wireless channels, this 
protocol proposed a new retransmission scheme where the retransmission responsibility for 
the frames experiencing transmission failure is given to any sending node. For a performance 
evaluation using a computer simulation, it was assumed that all frames are susceptible to 
transmission errors. 

There have been lots of efforts on network-coded cooperative communications, some of 
which include [12][13][14][15]. Liu and Xue [12] suggested an opportunistic network coding 
scheduling to make up one drawback of network coding and showed that network coding 
achieves the maximum gain when the traffic is symmetric. Argyriou [13] suggested an 
extended distributed MAC protocol optimizing the transmission of network coded packets 
both with using opportunistic acknowledgements and maintaining virtual buffers. 
Performance analysis and simulation of this protocol were carried out and the throughput gain 
as a performance measure was derived. Sengupta et al. [14] derived a theoretical formulation 
for computing the throughput of network coded wireless networks including COPE-type 
network coding. They also suggested that network coding-aware routing protocol improves 
the throughput significantly and that throughput improvements are, however, dependent on the 
network structure, traffic pattern, and whether opportunistic listening is employed or not. The 
NC-MAC protocol is proposed in [15] by us and this paper is an enhanced one from our 
previous work [15], where the system performance evaluation was carried out only by 
computer simulation and frame transmission errors were assumed to take place only in the 
transmission of the CRTS frames.  
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3. NC-MAC Protocol 
The NC-MAC protocol, our previous work [15], uses only one helper node with the best 
wireless channel status as a cooperative node and it is assumed that the helper node with the 
best wireless channel status between the source node or the destination node and itself can be 
chosen before frame transmission begins. This is because the same method as that used in the 
previous research [9][10] to decide the best helper node beforehand can be used for the 
NC-MAC protocol without any problem. In order to use this helper node decision mechanism, 
every node should monitor all the control frames passing by, although the node is not those 
frames’ final destination, and measure the received SNR value to derive the appropriate frame 
transmission rate that the current wireless channel can afford between any neighboring node 
and itself. Every node should maintain a new database, a help_list table, where candidates for 
helper nodes and possible frame transmission rates among its neighboring nodes are stored. In 
addition, every node should exchange this information with its neighbors. However, this 
overhead procedure is not considered for the performance evaluation in this paper. 

The flow chart for the NC-MAC protocol to depict how it works all at once appears in Fig. 
2. Detailed descriptions of how source, helper, and destination nodes work will follow. The 
working procedure at a source node for the NC-MAC protocol is shown in Fig. 3. As soon as 
any data packet from the upper layer arrives at the MAC layer of the source node, the node 
generates a cooperative RTS (CRTS) frame and sends it to the assigned helper node using the 
CSMA/CA contention mechanism. The CRTS frame that is an extended version of the 
traditional RTS frame includes the following additional fields in its header: 
 

ž helper node address 
ž frame transmission rate between the helper node and destination node, Rhd 
ž frame transmission rate between the source node and helper node, Rsh. 

 

 
Fig. 2. Flow chart for the NC-MAC protocol 

In order to decide the best helper node, the source node searches its help_list table and those 
related frame transmission rates among the source node, the helper node, and the destination 
node. The frame transmission rate is the maximum permissible transmission rate meeting the 
FER (frame error rate) requirement between two nodes and it is derived based on the received 
SNR value and the chosen modulation and coding scheme. The maximum frame transmission 
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rates under any wireless channel can be calculated and stored  in advance using either an 
analytic method or direct measurement. The CRTS frames includes another one-bit field, NC 
(network coding), in its header that is used to inquire whether the destination node has any data 
frame to send to the source node. If the source node wants to use the network coding scheme, it 
makes NC=1. Since this NC-MAC protocol uses the same channel contention mechanism as 
the DCF scheme, the source node is in charge of error recovery by retransmitting the erroneous 
packets. For this type of error recovery, the source node has three different types of 
retransmission timers, which are set with the following values: 
 

ž Timer 1: TCRTS + TARTS + TCCTS + 2*SIFS                                                                 (1) 
ž Timer 2: TDATA1 + TDATA2 + TDATA1ÅDATA2 + 2*SIFS 
ž Timer 3: TACK1 + SIFS, 
 

where TCRTS means the CRTS frame transmission time when the CRTS frame is transmitted at 
the basic rate and SIFS stands for short inter-frame space. The source node triggers the 
retransmission timer 1 as soon as it sends the CRTS frame to the helper node. The value of 
timer 1 should be large enough for the source node to receive the cooperative CTS (CCTS) 
frame from the destination node in case of successful transmission before timer 1 expires. 
When this timer expires, the source node increases the contention window by two times and 
returns to the start to transmit the CRTS frame again. When the source node receives the 
CCTS frame before timer 1 expires, it sends the DATA1 frame after the SIFS period to the 
helper node at the rate Rsh, which is obtained from the CCTS frame, and triggers 
retransmission timer 2 for the immediate error recovery of the DATA1 frame. The value of 
timer 2 is slightly larger than the required delay for the source node to receive the 
DATA1ÅDATA2 frame from the helper node. If timer 2 expires, then the source node returns 
to the start to retransmit the CRTS frame with doubled contention window. Otherwise, the 
node decodes the received DATA1ÅDATA2 frame and determines whether the DATA2 
frame is in transmission error. This source node also triggers another retransmission timer 3 to 
ensure the successful transmission of the DATA1 frame to the destination node. The value of 
timer 3 is large enough that the source node receives the ACK1 frame from the destination 
node before timer 3 expires. If the source node does not receive the ACK1 frame before timer 
3 expires, then the node begins the retransmission procedure for the CRTS frame. The source 
node sends the ACK2 frame to the destination if the decoded DATA2 frame is found to be 
successful. The source node ends its role by sending this ACK2 frame and then it returns to the 
start with its contention window set with the initial value CWmin.  

The working procedure at the helper node for the NC-MAC protocol is shown in Fig. 4-(a). 
The helper node’s role for the NC-MAC protocol starts when it receives any frame from the 
source node. If the received frame is the CRTS frame, it measures the received SNR value, 
derives the maximum frame transmission rate between the source node and itself, and then 
updates the Rsh value in the CRTS frame if those two values are different. The node creates the 
acknowledge RTS (ARTS) frame after the CRTS frame and puts the new Rsh value and the Rhd 
value extracted from the CRTS frame into the ARTS frame. After the helper node copies the 
NC field from the CRTS frame into the ARTS frame, it transmits this ARTS frame to the 
destination node. On the other hand, if the received frame from the source node is the DATA1 
frame, then it should wait for the DATA2 frame to arrive. After the node receives the DATA2 
frame successfully, it combines the two data frames based on an XOR coding rule and then 
broadcasts the combined DATA1ÅDATA2 frame to the source node and destination node. In 
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this case, the helper node chooses the minimum frame transmission rate between Rsh and Rhd 
included in the CCTS frame. 

 

 
Fig. 3. Working procedure of the source node 

The working procedure at the destination node for the NC-MAC protocol is shown in Fig. 
4-(b). When the destination node receives the ARTS frame from the helper node, it measures 
the received SNR value, derives the maximum frame transmission rate between the helper 
node and itself, and then updates the Rhd value in the ARTS frame with the newly calculated 
one. The node makes the CCTS frame after the ARTS frame and puts two values,  Rsh and Rhd, 
into the CCTS frame. If this node has any data frame to send to the source node, it sets the NC 
field in the CCTS frame header as NC=1 and then sends this frame to the source node directly. 
This node makes the DATA2 frame, whose destination is the source node, and sends it to the 
helper node after 2 × SIFS plus DATA frame transmission delay. When this node receives the 
DATA1ÅDATA2 frame from the helper node, it starts decoding the DATA1 frame to check 
whether this frame was received successfully. If this decoded frame is found to be errorless, 
then this node sends the ACK1 frame to the source node after the end of SIFS period. After this 
node receives the ACK2 frame from the source node as the answer to the DATA2 frame, its 
whole role ends. 

4. Performance Analysis 
We adopt the queuing theory for the analytic method. This analytic method is used to obtain 
system throughput with a saturated traffic model where every node always has packets to 
transmit. This saturated traffic model is commonly used to derive the maximum system 
throughput. However, the two key differences compared to the analysis procedure used in 
Tantra’s work [6] are that all the frames used in this paper undergo erroneous transmission due 
to bad wireless channel environments and that a new performance measure, average channel 
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access delay, is derived. In this paper, the performance evaluation is limited only to a single 
cell and therefore, hidden and exposed terminal problems are not considered. It is assumed that 
there is always one helper node with the best wireless channel between source node and 
destination node. One communication group consists of three communicating nodes, i.e., the 
source node, the helper node, and the destination node, and it is also assumed there are K 
communication groups in a single cell. Therefore, there are K source nodes that are always 
ready to send CRTS frames. In addition, it is assumed that frame transmission collision 
happens only when more than one source node transmits CRTS frames simultaneouly. A 
frame exchange scenario for the NC-MAC protocol with a detailed time diagram is shown in 
Fig. 5 as it is useful for the performance analysis. 

 

      
(a) Helper node                                     (b) Destination node 

Fig. 4. Working procedure of the helper node and destination node 

 

 
Fig. 5. An example of frame exchanges in the NC-MAC protocol 

First of all, let's define several variables used in this performance evaluation. 
 

ž t: CRTS frame transmission probability at a source node 



1676                                                         Jang, et al.: Throughput and Delay Analysis of a Network Coding-enabled Cooperative MAC 
 

ž p: CRTS frame collision probability 
ž p(p): control (data) frame transmission error probability due to a poor wirelss 

channel status 
ž p: CRTS frame transmission failure probability due to poor wireless channel status or 

collision 
ž m: maximum backoff stage of the contention window where CW = 2CW   
ž r: maximum number of retransmissions in a binary exponential backoff scheme 

  
Transmission failures of CRTS frames are caused by either CRTS frame collision or 
transmission error. The probability of CRTS frame transmission failures in the NC-MAC 
protocol can be described as p(	p = p + p − pp), the same as in the rDCF, the CODE 
or, the CoopMAC protocol where the CRTS frame collision probability p can be obtained 
with p = 1 − (1 − τ). The size of the contention window used in the NC-MAC protocol 
is represented as follows: 
 W = 2CW  , 0 ≤ i ≤ m2CW  m <  ≤ .                                                  (2) 
 
Let’s define the following three system state variables for performance analysis of the 
NC-MAC protocol: 
 

ž b(t): backoff stage of a source node, b(t) = 0, 1, 2,⋯ , r 
ž c(t): value of the backoff counter, c(t) = 0, 1, 2,⋯ ,W() − 1 
ž o(t): frame transmission phase, o(t) = 0, 1, 2,⋯ , 7, 

 
where the last variable o(t) represents the sending phase for each frame, i.e., 0 for backoff and 
CRTS, 1 for ARTS, 2 for CCTS, 3 for DATA1, 4 for DATA2, 5 for DATA1Å2, 6 for ACK1, 
and finally 7 for ACK2. Therefore, the system vector {b(t), c(t), o(t)} represents how the 
NC-MAC protocol works clearly and thus this vector becomes a discrete-time Markov chain. 
The state transition diagrams are shown in Fig. 6 to Fig. 8. The system states described as (i, j, 0) in Fig. 6 are the same as those in the previous studies [6][9][10], but the system states 
described as S in Fig. 6 or (i, 0, k) in Fig. 7 and Fig. 8 are newly added in this paper to 
describe the exchange of the ARTS, CCTS, DATA1, DATA2, DATA1Å2, ACK1, and ACK2 
frames. When a source node has data frames to send, it should first monitor for a period of 
DCF inter-frame space (DIFS) to determine whether the wireless channel is busy or idle. If the 
wireless channel is sensed to be idle for that period, the source node will transmit its frame 
immediately. However, if the channel is busy, the node will wait until the end of the busy 
period and a random backoff interval is chosen, which is shown in the first row of Fig. 6. The 
backoff counter is decremented whenever the channel is detected as being idle for the slot 
duration, which is shown as any state (i, j, 0) in Fig. 6 moving to its neighboring state (i, j-1, 0) 
with probability 1, and it is paused when the channel is detected as being busy. The paused 
backoff counter is reactivated when the channel is found to be idle for more than a DIFS period. 
The source node transmits its CRTS frame when the backoff counter becomes zero, which is 
shown as any state (i, 0, 0) for 0 ≤ i ≤ r in Fig. 6. When the source node fails to send its 
CRTS frame, it chooses a new random backoff distributed uniformly in the doubly increased 
range (0, 2´CW-1), which is shown as any state (i, 0, 0) in Fig. 6 moving to another state in the 
upper backoff stage (i+1, j, 0) of which the selection is decided on a uniform distribution.  
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Fig. 7 and Fig. 8 show state transition diagrams representing frame exchanges from the 
ARTS to ACK2 frames. These two figures were unnecessary in the previous research due to 
the assumption that there was no transmission error due to a poor wireless channel. Fig. 7 
shows the node’s state when its backoff stage is in the range (0, r-1) and Fig. 8 shows the 
node’s state when its backoff stage is in r. In order to explain these state transition diagrams in 
detail, let’s consider one source node in the ARTS frame transmission phase. 
 

0,0,0 0,1,0 0,2,0 0,W0-2,0 0,W0-1,0
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Fig. 6. State transition diagram for the NC-MAC protocol 
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Fig. 7. State transition diagram for S, 0 ≤ i ≤ r − 1 
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The ARTS frame transmission failure by the helper node takes place when transmission of the 
ARTS frame fails once due to a bad wireless channel. This transmission failure is then 
detected by the timeout of the retransmission timer in the source node and, according to the 
error recovery mechanism with retransmissions, the source node enters into a retransmission 
phase by increasing the contention window by two times. In this case, a system state (i, 0, k) at b(t) = i moves on to one of the upper system states (i+1, j, 0) at b(t) = i + 1. However, the 
system states  (r, 0, k)	for	0 ≤ k ≤ 7 in Fig. 8, where a transmitted frame is in error, and the 
system states (i, 0, 7)	for	0 ≤ i ≤ r − 1 in Fig. 7 receiving the successful ACK2 frame, return 
to the start for sending another new data frame. 

 

Σ

CW CWmin

01 W

rS
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2 : CCTS transmission
3 : DATA1 transmission
4 : DATA2 transmission
5 : DATA1      2
6 : ACK1 transmission
7 : ACK2 transmission
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Fig. 8. State transition diagram for S 

 
Let’s define the steady state probability α,, ≡ Prob. {b(t) = i, c(t) = j, o(t) = k}. Then, 

the balance equations from Fig. 6 to Fig. 8 are given by  
 α,, = α,,p +α,,

 p +α,,
 p + α,,p + α,, +α,,

 (1 − p)																						(3) 
α,, = α,,p +α,,

 p +α,,
 p +α,,

 p, 1 ≤ i ≤ r																											(4) 								= α,,p + A(i − 1) α,, = α,, pW + A(i − 1)W + α,, = α,, (W − j)W p + A(i − 1) (W − j)W  

 								= (W − j)W α,,, 1 ≤ i ≤ r, 1 ≤ j ≤ W − 1																																																																																					(5) 
α,, = (1 − p)(1 − p)α,,, 1 ≤ k ≤ 3(1 − p)(1 − p)(1 − p)α,,, 3 <  ≤ 6, 0 ≤  ≤ (1 − p)(1 − p)(1 − p)α,,, k = 7, 																																																		(6)                              

 
where A(i) ≡ ∑ α,, p + ∑ α,, p + ∑ α,, p. The above four equations can 
be modified into another forms in order for all the steady state probabilities to have the 
probability α,,. First of all, Eq. (3) and balance equations representing states in the first 
column in Fig. 6 are merged into the following form: 
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α,, =	α,, −  ,			1 ≤  ≤  − 1,                                                                                                       (7) 

 
where  C ≡ α,,(1 − p)

 + α,,p + α,,p
 + α,,p

 + α,,p + α,,. 
Eq. (4) can be changed into another form, too. First of all, the following equation is given in 
the case where  i = 1. 
 

α,, = α,,p +	α,,p
 + α,,p + α,,p



  

									= α,,p + p(1 − p)α,,	(1 − p)
 + p(1 − p)(1 − p)(1 − p)

  

								+p(1 − p)α,,(1 − p)(1 − p)
  

								= +p(1 − p)(1 − p)
 + p(1 − p)(1 − p)(1 − p)

  

								+p(1 − p)(1 − p)(1 − p)
  α,, = (p + B)α,, 

 
Therefore, Eq. (4) is given by  
 ∴ 	α,, = (p + B)α,,,                                                                                                                           (8) 
 
where  ≡ 1 − (1 − )

 + 1 − (1 − )(1 − )
 + 1 − (1 − )

∙(1 − )
 . 

 
If Eq. (5) is combined with Eq. (8), it is written as 
 
α,, =   + ,,	.                                                                                                                   (9) 

 
If Eq. (5) is combined with Eq. (8), it can also be written as  
 

α,, =	(1 − p)(1 − p)(p + B)α,,, 1 ≤ k ≤ 3(1 − p)(1 − p)(1 − p)(p + B)α,,, 4 ≤ k ≤ 6(1 − p)(1 − p)(1 − p)(p + B)α,,, k = 7.                                                        (10) 

 
Then, all the steady state probabilities from the above four equations, Eq. (7)~(10), should 
satisfy the following additional requirement – the sum of all those probabilities should be 
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equal to one. 
    α,, ⋅ I(j, k) = 1																				where		I(j, k) = 0, j ≠ 0	&	 ≠ 01, otherwise.






  

 
In addition to the above requirement, the CRTS frame transmission probabilty at a source node 
τ  and the CRTS frame collision probability p  should satisfy the following conditions, 
respectively. 
 

τ =	 α,,
 = 1 −  + 1 − (p + B) ⋅ ,,																																																																																																							(11) p = 1 − (1 − τ)																																																																																																																																											(12) 

 
where K is the number of source nodes. 

For performance comparion, two performance measures are considered. One is the system 
throughput in bps defined as the ratio of the total amount of data transmitted successfully to the 
total consumed time period. The other performance measure is the average channel access 
delay in seconds. This channel access delay is the average waiting time of any source node for 
one data frame transmission, measured from the first channel contention time with the CRTS 
frame to the time instant that the source node receives the ACK2 frame from the destination 
node. In order to derive the numerical formula for the above-mentioned two performance 
measures, two types of average delays should be calculated in advance. The first one is the 
average delay until successful transmission D, which is the time between the ARTS frame 
transmission and the successful ACK2 frame reception, and the second one is the average 
delay until failure transmission D, which is the time between the ARTS frame and the failure 
of any nearby frame transmission. The average delay D can easily be derived as 
 D = T +	T + 	3 × T+ 	2 × T + 	6 × SIFS.																																																																			(13) 
 
Derivation of the second average delay D is a little complex. In order to derive it, one more 
parameter D  must be defined. This is the delay from the time the ARTS frame is sent to the 
instant that the frame transmission error takes place in the i-th transmission phase. Seven 
different average delays are then given by 
 D = T + SIFS, 													D = D + T + SIFS,																	D = D + T + SIFS, D = D + T + SIFS, D = D +	TÅ + SIFS, D = D + T + 	SIFS, D = D + T. 
 
Then, the average delay from the time the ARTS frame is sent to transmission failure can be 
derived as 
 D = {Dp + D(1 − p)p + D(1 − p)p + D(1 − p)(1 − p)p 						+D(1 − p)(1 − p)p + D(1 − p)(1 − p)p + D(1 − p)(1 − p)}/P, 
 
where P is a probability used for a normalization to one and is given by 
 P = p + (1 − p)p + (1 − p)p + (1 − p)(1 − p)p + (1 − p)(1 − p)p 
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				+(1 − p)(1 − p)p + (1 − p)(1 − p). 
 
The probability P that there is at least one CRTS frame transmitted by K source nodes in a 
designated time duration and the probability P  that the transmitted CRTS frame is 
successfully received by the helper node without any collision and transmission error are 
given by 
 P = 1 − (1 − τ)																																																																																																																																																(14) P = Kτ(1 − τ)P (1 − p).																																																																																																																												(15) 
 
The probability P that no transmission errors occur during the period from ARTS frame 
transmission to ACK2 frame reception is given by  
 P = (1 − p)(1 − p).																																																																																																																																	(16) 
 
Let’s define the consumed time slot as the time interval between two consecutive backoff time 
counter decrements. Then, according to this NC-MAC protcol, there are four different types of 
consumed time slots, shown in Fig. 9.  
 

IT

FT

ET

ST
 

Fig. 9. Four different types of consumed time slots 

First, when there is no transmission on the wireless channel, the consumed time slot means 
that the slot duration T = σ. Second, when the transmission of the CRTS frame results in 
failure due to collision or a bad wireless channel, the consumed time slot becomes T. Third, 
when the source node does not receive the ACK2 frame from the destination node even after 
the successful transmission of the CRTS frame, the consumed time slot becomes T. Lastly, if 
the total transmission scenario is successful, then this consumed time slot becomes T. All of 
them are indicated as 
 																										T = σ 																										T = T + DIFS + σ 																										T = T + SIFS + D + DIFS + σ 																										T = T + SIFS + D + DIFS + σ. 
 
Then, average size of the consumed time slots in seconds can be given by 
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 E[slot] = (1 − P)T + PPPT + PP(1 − P)T + P(1 − P)T.																																																									(17) 
 
The system throughput can be calculated as the ratio of the DATA frame transmission time to 
the average size of the consumed time slots and is given by 
 																															S = PPP(L + L)E[slot] 	[bps].																																																																														(18) 
 

Now we move on to the derivation of the other performance measure, average channel 
access delay. In order to obtain this, we should have the probability P(i) that one source node 
succeeds in receiving the ACK2 frame at the i-th backoff stage. For the sake of simplicity, it is 
assumed this probability is approximately modeled as a geometric distribution with a 
parameter p , the successful transmission probabiltiy from the CRTS frame to the ACK2 
frame. It is given by 
 p = (1 − p)P.																																																																																																																																																		(19) 
 
Then, the probability P(i) is given by 
 P(i) = (1 − p )p ,							0 ≤ i.																																																																																																																									(20) 
 
Finally, the average channel access delay is given by 
 E[D]
=
⎩⎪⎪
⎪⎨
⎪⎪⎪
⎧E[slot]W2 2

 + T − DIFS
 ⋅ P(i), r ≤ m
E[slot]W2 2

 + T − DIFS
 ⋅ P(i)
			+  E[slot]W2 2

 +  2
  + T − DIFS

 ⋅ P(i), r > .
																																				(21) 

5. Numerical Results 
It is assumed there are K source nodes (more exactly, K communication groups) in the 
communication network considered for performance evaluation. Each communication group 
consists of three nodes, i.e., a source node, a destination node, and a helper node. The system 
parameters used in the performance evaluation are described in Table 1. It is also assumed that 
all control frames are transmitted at the basic rate (i.e., 1 Mbps) and DATA frames are 
transmitted at different transmission rates based on the received SNR value. However, it is 
assumed here that the direct path between the source node and the destination node provides 
only the basic rate, and that the transmission paths between the helper nodes and the source or 
destination nodes provide 11 Mbps. In the case of the DCF protocol, since the source node 
does not use a cooperative mechanism, this node exchanges its frames with the destination 
directly. It is also assumed for simple calculation that two different types of frame 
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transmission errors, pm for control frames and pd for DATA frames, are the same. In order to 
evaluate the performance of this NC-MAC protocol and verify the numerical results of the 
mathematical analysis from Section 4, computer simulations have been carried out. The 
simulation code was programmed using a C++ language based on the SMPL library [16].   

Table 1. System parameters 

Parameters Values Parameters Values 
CRTS length 352 bits SIFS 10 ms 
ARTS length 352 bits DIFS 50 ms 
CCTS length 304 bits CW  	 32 
ACK length 204 bits CW 	 1024 

DATA length 1024 bytes R , R 11 Mbps 
Slot size (σ) 20 ms Basic rate 1 Mbps 

K variable p	(p) variable 
Simulation time 1000 sec R 	 11 Mbps 

 
Fig. 10 and Fig. 11 show performance comparisons between mathematical analysis and 

computer simulation results. Analytic results are depicted by various lines and computer 
simulation results are depicted by various points in each figure. The analytic results of system 
throughput performance of the NC-MAC protocol are compared with the simulation results in 
Fig. 10 under various frame transmission error probabilities and traffic loads, i.e., number of 
source nodes.  

 

 
Fig. 10. System throughput comparison of analysis and simulation results 

According to the system throughput results in Fig. 10, system throughput tends to increase 
slightly until the number of source nodes becomes 10. However, as the number of the source 
nodes exceeds 10, the system throughput for this protocol decreases. This is because the 
saturated traffic model is used in this performance evaluation and approximately 10 numbers 
of the source nodes are the maximum value this wireless channel can accommodate. Therefore, 
as the number of source nodes exceeds that value, the number of discarded DATA frames 
increases abruptly due to consecutive collisions of CRTS frames; thus, system throughput 
tends to decrease. When frame transmission error probability is small, the gap between 
analytic and simulation results is negligible. However, it is shown that the difference between 
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analytic and simulation results tends to increase when p = 0.1, but is still small because the 
gap in system throughput is only about 6%. The reason for this difference is still under 
investigation, but it might be due to the following three factors: the first one is a slight 
difference in retransmission scheme between analysis and simulation, i.e., the value of the 
retransmission timer, the second one is the assumption of geometric distribution in Eq. (20), 
and the last one is that the transmission success and failure of ACK2 frames at b(t) = r are not 
applied separately in deriving steady-state probabilities. 

 

 
Fig. 11. Average access delay comparison of analysis and simulation results 

 

 
Fig. 12.  System throughput comparison for different schemes 

Performance comparisons of the NC-MAC protocol with the DCF and the rDCF protocol 
under variations of different system parameters, the data length, and the number of source 
nodes, are depicted in Fig. 12 and Fig. 13. Those values are derived from mathematical 
analysis when frame transmission errors for data and control frames are both zero. Fig. 12 
shows system throughput results of the NC-MAC protocol compared with the DCF and rDCF 
protocols as a function of the DATA frame length when the number of source nodes is 10. 
System throughput performance increases as the DATA frame length increases. This is 
because the ratio of pure payload to overhead, such as frame header and control frame, 
increases as the DATA frame length increases. In Fig. 13, the system throughput performance 
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of the NC-MAC protocol is compared with those of the DCF and rDCF protocols as a function 
of the number of source nodes. According to this result, the system throughput of the 
NC-MAC protocol increases by about 47% more than that of the rDCF protocol. This gain is 
mainly caused by network coding. Theoretically, the network coding gain for this scenario is 
4/3, but the throughput gain obtained in these numerical results is greater than 4/3 (about 
4/2.7). This difference is caused by the reduced overhead with control frames. For instance, 
the rDCF protocol requires twice the number of control frame exchanges, once for each 
direction. However, the NC-MAC protocol needs to exchange control frames only once for 
bidirectional communication. 
 

 
Fig. 13.  System throughput comparison for different schemes 

Fig. 14 and Fig. 15 show how contention window size affects system throughput and 
average channel access delay under various traffic load circumstances where frame 
transmission error probabilities are set as p = 0.001. The similar consequences can occur 
using the conventional DCF protocol. According to these two figures, increased contention 
window size tends to provide better system performance in terms of system throughput, but 
worse performance in terms of average channel access delay. 

 

 
Fig. 14.  System throughput comparison for various contention windows 
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6. Conclusion 
In this paper, the performance of a cooperative MAC protocol named NC-MAC is evaluated. 
This protocol introduces an approach to combine cooperative communication and network 
coding for ad hoc networks in order to significantly increase system performance. This paper 
is an extended version of our previous research [12]. There are two key differences.  One is 
that we adopt two different methods for performance evaluation of the NC-MAC protocol, 
mathematical analysis and computer simulation. The other is that it’s the performance 
evaluation is carried out using an erroneous wireless channel for the source node, helper node, 
and the destination node. That is to say, all the frames exchanged are susceptible to 
transmission errors, which is a new circumstance differentiating this research from all 
previous research. According to the numerical results, the NC-MAC protocol provides 
significantly better system throughput than the DCF scheme in the IEEE 802.11 standard and 
better system throughput by about 47% compared to the rDCF scheme.  
 

 
Fig. 15.  Average access delay comparison for various contention windows 
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