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Abstract 

Multicast and broadcast in wireless home networks currently do not provide any MAC 
layer error correction schemes. This thesis does a research on a proposed MAC layer 
multicast error control protocol, Leader Based Protocol (LBP) with feedback 
acknowledgment jamming. The packet jamming occurs when more than two different 
packets reach the same receiver at the same time and the receiver is not able to receive 
any of them. In wireless networks, Capture Effect is a crucial factor which may affect 
the performance of packet jamming. When certain requirements are fulfilled, the 
Capture Effect happens and prohibits packet jamming, which means the receiver is able 
to successfully receive one of these jamming packets. Capture Effect therefore can affect 
the performance of LBP to some extent. In order to research on how the Capture Effect 
can influence the packet jamming, a wireless networks acknowledgment jamming and 
Capture Effect simulation environment of the wireless networks IEEE 802.11a Physical 
layer is established in MATLAB, meanwhile the LBP is simulated in NS-2. Via the 
simulations, the relationship between the performance of packet jamming and Capture 
Effect is presented.  
 
 
 
 
Keywords:  Capture Effect, MAC, IEEE 802.11a, LBP, Multicast error control, packet 

jamming,  Time synchronization. 
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1. Introduction 

 
Multicast in IEEE 802.11 has no error correction but it can instead be done in the 

application layer. However, the application layer multicast error control schemes introduce 
delay, this disadvantage restricts the multicast implementation of real time multicast 
applications. In order to achieve error control on Media Access Control (MAC) layer 
multicast and broadcast (which can reduce time delay), a few new protocols such as Leader 
Based Protocol (LBP) have been proposed.  

The LBP is based on the feedback acknowledgment collision (or jamming). Collision 
refers to the channel or the receiver being occupied by more than one transmitter. LBP elects 
one of the multicast group receivers as the leader. When the leader receives the data packets 
with errors, it does not feedback an acknowledgment (ACK), which causes the retransmission 
of data packets. When the leader receiver receives data packets with no errors while 
non-leader receivers receive with error, LBP allows negative acknowledgements (NACKs) 
from non-leaders to collide with ACK from leader, in order to make the packet collision or 
jamming and make sender retransmit.  

Early research on the throughput of wireless networks assumed that a collision will 
results in loss of data with 100% probability. Recent researches show that a so-called 
Capture Effect exists, which means the data under collision may not be totally lost under 
certain conditions. While this is good for the normal operation, this could be harmful for the 
MAC layer multicast error control schemes such as LBP. Since the Capture Effect existence 
may affect the performance of ACK and NACK collision or even prohibit feedback 
acknowledgment’s collision, it will finally affect the feedback acknowledgment reception of 
data packet sender. 

In this thesis, the simulations of the wireless network LBP protocol acknowledgment’s 
collision and Capture Effect are implemented. From the views of both IEEE 802.11a 
Physical layer and MAC layer, the performances of ACK and NACK collision and Capture 
Effect are demonstrated. The IEEE 802.11a Physical layer will be implemented on MATLAB 
in order to simulate the ACK and NACK packet collision. The MAC layer will also be 
implemented on NS-2 in order to simulate the whole LBP. Afterward, the conditions of 
successfully occurring Capture Effect when the acknowledgment’s collision happens will be 
derived. 

The remaining of this thesis is organized as follows. In chapter 2, the background 
knowledge of MAC layer, including the protocols which work on this layer, will be described. 
In chapter 3, the Leader Base Protocol (LBP) is going to be introduced. Chapter 4 will 
explain what the Capture Effect is theoretically from several different aspects. Chapter 5 will 
describe the background knowledge of IEEE 802.11a Physical layer. The IEEE 802.11a 
Physical layer is going to be set up in chapter 6, chapter 7 and chapter 8. Chapter 9 will deal 
with the simulations of acknowledgment’s collision and Capture Effect based on LBP. 
Chapter 10 describes the LBP-like protocol in NS-2 and obtains the result of collision and 
Capture Effect. The conclusion will be drawn in chapter 11. 
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2. MAC Layer  

 
 This chapter deals with the description of MAC layer. MAC (Media Access Control) 

layer is a sub-layer of the Data-Link layer. As its name indicates, its function is controlling 
the channel access. Since the subject is research on the wireless home network, it means there 
might be several different clients or nodes in one network at the same time. In this scenario, 
all these clients wish to access the same wireless channel and start data communications. This 
requires an entity to manage controlling the access for all these clients and distribute the 
access rights to them. The entity is distributed over all clients and is called MAC layer. 

The MAC layer has several different major functions [1] [2], such as: 
 Management of data link: it means establishing, maintaining and releasing the data 

link;  
 Flow control: When the sender sends the data with the rate which is higher than the 

receiving data rate at the receiver end, the sending rate must be controlled, this is 
flow control, the feedback based flow control such as stop-and wait protocol and 
sliding window protocol is used; 

 Error control: In order to achieve the low error rate, the error must be controlled. 
There are basically two different types, the forward error correction and error 
detection; 

Now the following part is the description of how the MAC layer works and which 
protocols are there in this layer.  

 

2.1 CSMA/CA 

First of all, the basic mechanism in wireless MAC layer: CSMA/CA [1][2][3][4]. It is 
short for Carrier Sense Multiple Access with Collision Avoidance. It is used to avoid the 
collision of multiple clients using the wireless channel at the same time. (Multiple clients or 
stations start the transmission at the same time, which is referred as a collision.). In Ethernet, 
there is CSMA/CD. The difference there is the “CD”, Collision Detection. The CSMA means 
the node should “listen before talk”. Before the node starts to transmit the data, it should 
listen to or detect the channel, if the channel at present is occupied by some other client, it 
should defer its transmission. If the channel is free, then the node can start to transmit. When 
CSMA/CD is used, if there is a data collision on the channel (the collision can be detected by 
comparing the received data and transmitted data, if they differ, this means there is another 
transmitter transmits the data on the channel at the same time, the collision happens), the 
transmitter sends one jam signal to all the other transmitters which causes the transmitters to 
terminate the current transmission and back off for a certain time interval. 

The reasons that the protocol “CSMA/CD” cannot be directly used in the WLAN are: 
firstly, the collision detection needs the duplex on the radio, which is inefficient for wireless 
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communication, the other reason is, in the wireless environment it cannot be guaranteed that 
all the nodes can hear each other, so even a node senses that the channel is free, it is still 
uncertain for real. Hence the “CA”, collision avoidance (figure 1) is utilized. 

Before data transmission, the node senses the channel, if the channel is busy, it defers. 
Otherwise, the node waits for a certain time slot (distributed inter-frame space: DIFS) and 
starts to transmit. During the transmission, the sender does not know whether there is data 
collision on the channel or not, once it starts, it ends after the data transmission completes 
(there is not jam signal from receiver in CA, only acknowledgment feedback from the 
receiver).  

Before the sender actually begins transmission, it waits for one DIFS then starts to 
transmit the data packet, at the same time, the other nodes which are neither sender nor 
receiver also notice the value of time duration of this transmission round via the PLCP 
(Physical Layer Convergence Procedure) preamble of the transmitted data packet, and set 
their own NAV (network allocation vector) according to this information and starts to 
countdown NAV to 0, during this period these clients enter power saving model, which 
means they will not be active for a certain period. After this NAV countdown period, these 
nodes will try again to obtain the channel. After the data transmission if the receiver 
successfully receives this data packet, after one SIFS, it should send one acknowledgment 
ACK back to the sender in order to inform the sender that this packet has been successfully 
received. If there is no ACK after the timeout (if the receiver receives the data with errors or 
simply loses the whole data, it will not feedback ACK), the transmitter will retransmit the 
data, or after several rounds of retransmissions, if the limit is reached, the node just gives up.  

 

 
Figure 1: CSMA/CA 

 
After waiting for NAV count down to zero, all the other nodes need to wait for DIFS 

duration in order to avoid collision with other control frame such as ACK. After the DIFS, if 
there are more than 1 node that want to send packets, they should all enter the contention 
period, all of them randomly pick one number from their own contention window (from 0 to 
15 in the 1st contention round) and defer by an amount of time defined as slot times with slot 
time (9e-6s). Once one node counts down to 0, this node can start to transmit the data packets 
immediately without waiting any DIFS or SIFS. At the same time, all the other nodes need to 
freeze their count down and defer for the NAV, after the NAV, the countdown continues.  

Once the countdown is 0, if there is no other collision, this node starts to transmit. If 
there are other nodes which chose the same countdown number, they start the transmission at 
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the same time and there will be a collision and no ACK for any of these nodes. This means, 
each of these nodes needs to choose a number from the contention window again (the 
window will increase by double) and count down again for retransmission, this function is 
called DCF (distributed coordination function).  

There is another algorithm called PCF (point coordination function) in 802.11 which is 
different from DCP. It uses the poll and response protocol to eliminate the contention of 
occupying the channel, which in principle means there is a node which is in charge of the 
access rights distribution in the whole network. This node distributes the access rights by 
asking each node. It will not be described in details since it is out of the scope of this thesis. 

 

2.2 RTS/CTS 

However, only the CSMA/CA may not be enough under certain circumstances. The 
hidden node problem [4], in wireless channel, for example, there are 2 different clients access 
via the same access point. If these 2 clients cannot hear each other, but both of them are able 
to hear the access point, when one of them wants to transmit the data, there might be a 
collision. When these 2 clients want to transport the data to the access point at the same time 
or while one of them is transmitting the data and the other one wants to start its own 
transmission, since they cannot detect each other, they cannot tell whether the channel or the 
access point has already be occupied by the other, and if they send their own data anyway, 
there will be a collision of these 2 clients’ data at the access point, and the access point cannot 
successfully receive neither of these data. 

In order to avoid the hidden node problem the RTS/CTS protocol can be utilized 
[1][2][3]. 

 

 
Figure 2: RTS/CTS 

 
Every time before the client sends the data packets, it sends the request to send (RTS) frame 
first into the channel to the receiver or the access point, in this frame, there is the target 
address of the access point or the receiver, when the receiver gets this RTS, if it is available 
or free, it sends back a frame: clear to send (CTS), in which there is also the address of the 
allowed data sender. When the data sender gets this CTS frame and finds out it is its own 
address which is in the frame, it starts to transport the data packet. The other client can also 
receive this CTS, it can extract the information about how long this transmission will take 
place and updates its own NAV and defers the transmission. 

The descriptions of MAC layer above picture the overview of MAC layer mechanisms. 

Node 
A 

Node 
B 

AP 

RTS(A) 

CTS(A) 
CTS(A)

DATA 
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What comes next is a new MAC layer protocol which is proposed for multicast and broadcast 
data transmission.  
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3.  Leader Based Protocol 

 
In unicast scenario, as it has been described above, the MAC layer protocols can make 

the transmission reliable. However, in multicast or even broadcast, the situation is different. 
In conventional multicast they are switched off since the access point does not guarantee the 
correctness in broadcast or multicast, and more important, it tries to avoid ACK feedback 
implosion. So when the transmission starts, unlike in unicast, the AP directly sends the data 
packet to the receiver group without considering whether the channel or the receivers are able 
to successfully receive and recover the data or not, once the receiver receives the data packet, 
it does not feedback any ACK to AP, the AP has no clue whether this transmission succeeded 
or not. So this leads to unreliability. 

In order to make data transmission more reliable in broadcast or multicast, the leader 
based protocol is introduced. The LBP (leader based protocol) [4][5][6] is shown in figure 3. 
Imagine there is a group of clients that wish to have the multicast communication with the 
access point (AP). One of them is selected as the leader of this group. It will be responsible 
for the session between the AP and the whole group. When the AP wishes to start the session, 
it firstly sends a RTS to all the receivers, but only the leader of this group is able to respond a 
CTS back to AP. After receiving this CTS, the AP assures that this channel now is free, then it 
will start the data transmission. After receiving the data packet, if the packet is correct, the 
leader (and only the leader) will respond an ACK to the AP. If the other non-leader clients 
also receive the data packet correctly, they will do nothing. But if they receive the data packet 
with error, they will respond a negative ACK (NACK) back to the AP. Then the ACK from 
the leader and the NACK from the other clients will collide at the AP end, which makes the 
AP unable to successfully receive the ACK, after a certain period, the AP will retransmit the 
data packet. If the ACK is successfully received, the AP will start to transmit the next 
following data packets with the same procedure. 

 
     

 
 

 
    

Figure 3: Leader Based Protocol 
 
As it has been elaborated in this chapter, the LBP is also based on the MAC layer ARQ 

(automatic repeat request) mechanism. The ARQ is an error control mechanism for data 
transmission. It uses acknowledgements feedbacks and timeouts to control the errors during 
the data transmission. However, LBP makes the RTS, CTS, ACK available in multicast, 
which can make the transmission more reliable than traditional multicast, and also guarantees 
the robustness. Comparing with the conventional multicast, this LBP makes the transmission 
more reliable. However, it also has its own shortages: First, it needs all the clients in a group 
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successfully receive the same data packet in the same round, which may be tough under 
certain circumstances. Second, if the whole data packet is lost, the clients that have not 
received the packet will not be able to send the NACK back since they have no idea when to 
send this NACK. 

There are several other solutions which in the Leader Based Protocol family and 
improve the performance of LBP, such as BLBP [4][7][8] (will be described in NS-2 chapter 
later), HLBP [4]. All of them are based on one condition: feedback packet collision. 

As it has been described, the LBP lies on the feedbacks collision. When this protocol is 
proposed or studied on the MAC layer, for simplification and other reasons, it is always 
assumed that once more than one packet arrive at one receiver at the same time, the collision 
happens and the packets are totally destroyed, or in LBP case, when there are two feedback 
packets, one ACK and one NACK, in the channel and reach the same AP at the same time, the 
feedbacks collision happens, and the receiver is not able to successfully receive neither of 
them. In reality, this assumption cannot always happen. And also sometimes even with the 
collision avoidance and other mechanisms, in wireless network communication, the fairness 
of channel occupying can still not be 100 percent guaranteed. One reason is Capture Effect. 
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4. Capture Effect 

 
 As it is mentioned above, even with MAC layer collision avoidance mechanisms in 
wireless communication networks, the unfairness can still not be totally eliminated. The 
reasons can be elaborated from 2 different aspects.  

Firstly, from the aspect of collision avoidance mechanism, an example is going to be 
shown on the MAC layer to show there is still unfairness in 802.11 MAC layer. As it has been 
described in past chapter, the Distributed coordination function (DCF) uses the CSMA/CA 
mechanism in the wireless network. The back off time for each client in the contention period 
in the LAN is quite important. As being described above, when there is a collision of 
transmissions, which means more than 1 client try to take the use of the channel at the same 
point of time and none of them can receive one ACK, these clients try to avoid channel 
collisions and choose a back off time from their own contention windows. This collision 
avoidance mechanism can still not prevent unfairness.  

For example, client A and B are trying to send a data at the same time, they both try to 
avoid the further collisions. Both of them choose a back off time, can be from number 1 to 15 
for the first time of contention period. Then if A chooses the smaller back off time, say 1, and 
then it will start the transmission first. After the transmission, A resets its own contention 
window, if A still has some more data to send, it may cause the collision again with B by 
selecting just exact back off number from contention window which is going to be count 
down to 0 at the same time as B does. At this time, since it is the 2nd time that B has a 
collision, it will double its contention window size to for example 1 to 30, and pick another 
random back off time from it. At the same time, A will simply select one number from the 
original contention window which is 1 to 15, since it is its first collision in this transmission 
round, there is a good chance for A to occupy the channel again by selecting the smaller 
number than B selects from contention window. If these things happen one after one, A may 
monopolize the channel.  

Secondly, from the signal proceeding aspect, the collision in PHY layer is not that 
simple as it sounds when the implementations are made in higher layer such as MAC. For 
simplification or other reasons, when there are researches on the MAC layer frames, it is 
assumed that once there are more than 1 frame reach the receiver at the same time, there will 
be a collision. And the receiver will not be able to receive any of them, so these senders need 
to send the data again or select a back off time.  

Actually, it is true that there will be a collision at the receiver end once more than 1 
frame reach the receiver at the same time, however, it is also possible for the receiver to 
receive some of the data correctly under certain conditions. Other than error correction 
mechanisms, there is another reason which is called Capture Effect [13][14][15].  
 While more than 2 packets reach the same receiver at the same time, the collision 
happens, the packet jamming occurs. Conventionally the receiver cannot successfully receive 
any of them. However, if the requirement is fulfilled, the Capture Effect happens, it makes 
the receiver have the ability to successfully receive one of these collision packets, and makes 
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the jamming disappear. In the period of transmission, if there are several signals reaching the 
same receiver at the same time, each of them has the same transmission frequency, the one 
with the strongest received power may be received correctly. This is called Capture Effect 
from the view of power [9] [10][12]. This could cause the unfairness too. Since different 
clients sending their data to the same receiver should makes the receiver successfully receive 
nothing and feedbacks no ACK, if one of these clients has its own data reaches the receiver 
with much higher power, this can cause Capture Effect. Even all these data reaches the 
receiver at the same time, even the collision happens indeed, the receiver may still 
successfully receive the one with higher signal strength and feedback this client one ACK. 
This unfair result is not what the system expects. 
 So, what are the factors in wireless network may affect the packet collisions? 
 The time, or the time when the data arrives at the receiver is a crucial factor. If two data 
packets are received with even a slight different time delay, the collision may be affected. If 
one of them reaches the receiver later than the first one, as long as this receiver has already 
successfully received the earlier one, the collision cannot happen. 
 The power, or received signal strength (RSS) of the frame at the receiver is another 
important factor. It would be interesting to see what will happen and how Capture Effect will 
act if two packets with different powers reach the same receiver.  
 These factors may be considered as different aspects of Capture Effect. Capture Effect 
can be divided into two main different types of models in the way as they are mentioned 
above, the Delay Capture model which corresponds to the packet arriving time, the Power 
Capture model which corresponds to the received signal strength. 
 

4.1 Delay Capture 

 The Delay Capture model [9][10][11] is shown in figure 4: the capture of a frame can 
occur at the receiver end in a given timeslot, as long as no other frame arrives within this 
given timeslot T . For instance, as figure 4 shows, the first frame reaches the receiver at time 
point T . Between time interval from time point 0 to time point T , frame arrivals are 
uniform distributed. The first frame may be captured by the receiver as long as T T T , 
which means the i-th (i 2) frame arrives at time point T  which is T  time later after the 
first frame. T  is dominating in this Delay Capture model. It is required to be appropriate 
enough for the receiver to detect, correlate with, and lock onto the first incoming frame, T  
is called the time threshold. If the receiver wants to receive the first frame correctly, the 
system should make sure T  is long enough in order to make sure the 1st incoming frame has 
already been captured within T  and the next incoming frame arrives at or after T , which 
requires T T T  should be fulfilled. 
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Figure 4: Successful Time Capture 
 

4.2 Power Capture  

 The Power Capture model [9][10]: it assumes that there are more than one transmitters 
transmit frames at the same time and frames arrive at the receiver at the same time, the 
receiver is able to only recovery or capture the 1st arriving frame due to its higher received 
signal strength (RSS). Once the 1st arriving frame’s RSS is high enough, then all the other 
transmitters’ transmissions can be considered as the interferences or noise. Then the given 
transmission can be captured by the receiver while rejecting interference frames as noise. It is 
assumed that there are N transmitters and only 1 receiver. The i-th transmitter in these N 
transmitters has the RSS as P , then if the receiver wants to receive the 1st arriving frame 
correctly, then:  

max
1

N

i
i

p Pτ
=

> ∑  

Which means as long as there is no other frame arrives within T  (time threshold in delay 
capture) having a power P  which violates the inequality above, the 1st arriving frame should 
has P  RSS, then 1st arriving frame can be captured. The “τ” is the capture ratio, which is 
decided by the receiver system. 
 

4.3 Hybrid Capture  

 In reality, the receiver can capture the first arriving packet with a nonzero probability 
even when the arrival time of the second packet is within T  after the arrival time of the first 
packet T  due to the power capture mechanism. So there is also the Hybrid Capture model 
[9][10], which combines these 2 different models above together. And finally it is obtained as:  

Time 

1st frame arrives at T  

0 

T  

1st frame capture before T +T

Next frame arrives at T  No other frame should arrive in T  
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,
 

the total accumulated power should be smaller than the power received from the first packet, 
P , over the capture interval T . 
 

4.4 MR Capture  

 The models above try to capture the 1st incoming frame and do not mention the capture 
on the later arriving frames, which makes these models not comprehensive There is also 
another model which is developed by the researcher in order to search the Capture Effect in 
different ways, the MR (Message Retraining capture) model [9]. In this model, the system 
monitors the power or RSS received on the receiver. If the increase of the RSS is beyond a 
given thresholds, τMR, the modem will attempt to synchronize with and demodulate the new 
incoming frame. If this is achieved, a retraining process allows the modem to prepare to 
receive the new frame once the prior one finishes or even during the receiving of the prior 
one. 

1;

N

MR i j
i i j

p pτ
= ≠

<∑  

 This model will be demonstrated both in MATLAB and NS-2 simulations. 
 

4.5 PLCP Preamble Capture & Body Capture 

 There are also 2 models which are called PLCP preamble capture and PLCP frame body 
capture which are used in NS-2 simulator. Actually these two capture models are also based 
on the capture models above. PLCP preamble capture model (in figure 5) requires the later 
incoming frame has stronger RSS, and it arrives at the receiver with the maximum time delay 
as the time duration of PLCP preamble and header (2nd incoming frame in figure 5). PLCP 
frame body capture model requires the later incoming frame has stronger RSS, and it arrives 
at the receiver with the maximum time delay as the time duration of the first incoming frame. 
Which in other words, the PLCP preamble capture model does not capture the later incoming 
frame once it arrives at the receiver later than the time duration of PLCP preamble and header 
of the first incoming frame; the PLCP frame body capture model does not capture the later 
incoming frame once it arrives later than the time duration of the first incoming frame. 
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Figure 5: PLCP preamble Capture 
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5.  Physical Layer 

 
Since the time and the RSS are the study targets during research on Capture Effect, this 

chapter presents the physical layer in IEEE 802.11 standard and prepare for the simulation of 
Capture Effect on the physical layer with the change of these 2 factors. 

Firstly, according to the standards of IEEE 802.11, there are several types of PHY layer 
standards [2][3].  

 802.11a is a physical layer standard for WLAN by using OFDM (Orthogonal 
Frequency-Division Multiplexing) interface in the 5GHz radio band. There are 8 
available channels. The maximum link rate is 54 Mbps. 

 802.11b is a physical layer standard for WLAN by using DSSS (Direct-Sequence 
Spread Spectrum) in 2.4GHz radio band, it specifies 3 available radio channels. 
Maximum link rate is 11Mbps. 

 802.11g is another standard for WLAN by using DSSS and OFDM at the same time 
in the 2.4GHz and 5GHz radio band. There are 3 available channels. The maximum 
link rate is 54Mbps.  

 802.11e enhance the support for the LAN’s MAC layer QOS, 802.11e can be used 
into the other physical layer standards such as: 802.11a, b, g. Its purpose is to 
provide classes of service with managed levels of QOS for data, voice and video 
application. 

 802.11n enhance the network throughput over previous standards (such as 802.11a, 
b, g) by using MIMO (multiple input multiple output) and some other techniques. 
The maximum data rate is 600Mbit/s at the channel width of 40MHz. 

Since the research subject is WLAN physical layer, the basic thing is the medium. Of 
course the medium is wireless medium and radio communication link. The most important 
character of the wireless channel is the dynamic environment. The main problem is: multipath 
fading. The fading, refers to the scenario that the transmitted signal’s power reduces because 
of the complex propagation paths. The fading also can be divided into 2 main different types, 
the fast fading and the slow fading [16].  

The fast and slow refer to the rate at which the amplitude and the phase change imposed 
by the channel on the signal changes. Slow fading arises when the coherence time of the 
channel is large relative to the delay constraint of the channel. It is caused mostly by the 
changing of the channel environment, such as the geography and atmosphere factors. In this 
regime, the amplitude and phase change imposed by the channel can be considered roughly 
constant over the period of use. Slow fading can be caused by events such as shadowing, 
where a large obstruction such as a hill or large building obscures the main signal path 
between the transmitter and the receiver. The amplitude change caused by shadowing is often 
modeled by using a log normal distribution with a standard deviation. Fast fading occurs 
when the coherence time of the channel is small relative to the delay constraint of the channel. 
It is caused by the multipath mostly. In this regime, the amplitude and phase change imposed 
by the channel varies considerably over the period of use.  
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The coherence time of the channel is inverse proportional to a quantity known as the 
Doppler spread of the channel. When a user is moving, the user's velocity causes a shift in the 
frequency of the signal transmitted along each signal path. This phenomenon is known as the 
Doppler shift. Signals travelling along different paths can have different Doppler shifts, 
corresponding to different rates of change in phase. The difference in Doppler shifts between 
different signal components contributing to a single fading channel tap is known as the 
Doppler spread. Channels with a large Doppler spread have signal components that are 
changing independently in phase over time. Since fading depends on whether signal 
components add constructively or destructively, such channels have a short coherence time. 
 The path loss in WLAN system is also an important issue. In a wireless transmission 
system, the path loss of the transmission channel is taken into account in order to know the 
transmit power of the signal and the receivers’ sensitivity. The link budget therefore is 
necessary to calculate these powers and lost in channel. 
 The PHY layer is divided into 2 sub-layers as figure 6 indicates: the PLCP sub-layer and 
the PMD sub-layer [1][2][3]. 
 

 

Figure 6: Physical Layer 
 

 PLCP layer, the Physical Layer Convergence Procedure sub-layer controls the 
exchange of data between MAC and PHY layers. 

 PMD layer, the Physical Medium Dependent sub-layer controls the signal carrier 
and the modulation on the media. 

This thesis will focus more on the IEEE 802.11a PHY layer since one typical physical 
layer implementation can represent the other physical layer standards and the goal is of the 
thesis is not realizing physical layer but researching on the packet collision and Capture 
Effect. IEEE 802.11a is representativeness by being used extensively in modern wireless 
network. 

For 802.11a, the main parts of PHY layer are like this [1][2][3]: 
Firstly, the MPDU (MAC protocol data unit) from MAC layer is integrated into PSDU 

(PLCP service data unit), then the PLCP header and PLCP preamble are added at the 
beginning of PSDU, and some tail bits and pad bits are added at the end of PSDU, in order to 
generate PPDU (PLCP protocol data unit) which is actually be transmitted in PMD sublayer. 
 The purpose of PLCP preamble is to specify the ending and the beginning of the MAC 
frame since the head and end of the frame are difficult to find out. So it is used for 
synchronization. 
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This PPDU is encoded by FEC Encoder. All the parts in the unit will be encoded into 
corresponding codes according to the responding encoding rate. The forward error correction 
mechanism is used to make transmitted data more resistant to the noise and interference. 
There are also some other source data processing such as interleaving which are also used to 
against noise and interference. 

After the encoding procedure, the responding binary codes come out from the encoder. 
These sequential digital codes will be first modulated by the OFDM modulation module 
[17][18]. The basic principle is to split a high data rate data stream into a number of lower 
rate streams that are transmitted simultaneously. There are a large number of orthogonal 
narrow band subcarriers transmitted in parallel. They divide the available transmission 
bandwidth. After the OFDM mapping, all of them can be called as the subcarriers, which 
have orthogonal frequencies. How many symbols per group (subcarrier) is decided by the 
requirement, which may cause different modulation systems in different groups (subcarriers). 
OFDM is attractive mostly because of how it handles the multipath interference, such as inter 
symbol interference (by using guard interval) and frequency selective fading (by dividing 
original band into numbers of subcarriers’ narrowband). It also has its own drawbacks. First, 
it has the large peak to average power ratio, which generates high out of band noise. It can 
also increase complexity of the analog to digital and digital to analog converters. There are 
several solutions to this issue, such as clipping. The second drawback is, since the frequency 
orthogonal is important in OFDM, in reality it is very sensitive to the frequency shift errors.  

In order to realize OFDM mapping, and OFDM modulation, the IFFT module is used to 
put each stream into different orthogonal frequencies. Why is IFFT used in reality to generate 
the OFDM symbols? It can be assumed that N frequency orthogonal subcarriers carry the 
complex signal: a t jb t , then the base band OFDM signal can be described as the 
following [25]:  

 
exp  j2π nt/T  stands for the sub-carriers with orthogonal frequencies. If there are N 
subcarriers which are wanted, the system needs N digital modulators and N carrier frequency 
generator, actually this method is not practical. Since after sampling the signal with 
f_s N/T the base band signal can be got also as: 

. 
This happens to be the IFFT calculation. 
For example, now there is one sequential digital binary data as PPDU containing 8 bits 

information as follows, it will be mapped into OFDM symbols via OFDM modulation model 
and IFFT model as following:  
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Figure 7: OFDM modulation example 
 
Assuming the OFDM only has 2 sub-carriers, both of them use the QPSK as the OFDM 

modulation mechanism, which means after the modulation, each of the symbols contains 2 
bits data. Then since there are only 2 subcarriers, all the 4 symbols will be divided into these 
2 subcarriers equally. After this OFDM mapping, each of these subcarriers has 2 symbols and 
each symbol has 2 bits information. Of course, according to OFDM, the different subcarriers 
can also use different modulation methods, which may cause different bit per symbol in 
different subcarriers. 

In IEEE 802.11a, there are 48 subcarriers and another 4 pilot subcarriers. That means 
there are 52 subcarriers which carry useful data. Each of these 52 lower data rate stream will 
be used to modulate the subcarrier from one of the channels in the 5GHz band. The other 
techniques such as bit interleaving can be used before in order to improve the bit error rate 
performance. It may also be needed to add the prefix cycle into these OFDM symbols as 
cyclic prefix in order to cope with inter symbol interference and inter carrier interference. The 
signals which are sent into IFFT are parallel as the same as the output of IFFT, so these 52 
subcarriers are parallel. Then it is needed to again put these signals on each subcarrier in the 
time sequential order, in order to transmit them into the wireless channel later. At the 
receiving end, the things need to be done are putting all the contrast module of the above 
system into the receiver and some other mechanisms which will be used for other reasons in 
IEEE 802.11 (which will be discussed later). First, the FFT module, the reverse model of 
OFDM mapping, then OFDM demodulation, afterwards is the decoder of the Convolutional 
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code, and finally the original data can be got. The structure of IEEE 802.11a physical layer 
will be discussed more in details in MATLAB simulation chapter. 

 
Recently, the IEEE 802.11n is published. 802.11n is a new version standard in IEEE 

802.11 family [19], however, it is more than just building a new radio capable of higher bit 
rates (such as 802.11a, b, g). Its goal is to increase the throughput of 802.11 devices. So it is 
based on the current existing standards, and makes them more efficient by some modifications 
and upgrades.  

The most important technique which is used in 802.11n is MIMO [16] (multiple inputs 
multiple outputs). The traditional radio is single input and single output (SISO). The sender 
and the receiver both have only one antenna to communicate. So the capability of 
transmission information amount and resistance to the environment interference depends on 
the SNR. The greater SNR is, the more possible the receiver can successfully receive and 
recover the transmitted data. In a typical MIMO system, the sender and receiver can have 
more than one antenna. At the sender end, each antenna can send same signals (or even 
different signals) at the same time. There should be some space between each of these 
antennas, so ideally each signal goes through a different path in the wireless channel. This is 
called spatial diversity. The receiver radios independently decode the arriving signals. At last, 
each of them is combined with the signals from the other radios and the receiver gets the final 
receiving data. The result can be much better than the result from SISO or other traditional 
methods, since MIMO makes the combination of several different SISO paths and make the 
SNR higher.  

There are also some other techniques such as frame aggregation which are used in order 
to improve the performance of current existing IEEE 802.11 standards, since they are not in 
the scope of this thesis, they will not be discussed. 

IEEE 802.11n is an improvement on existing 802.11 devices such as 802.11a, therefore 
it can be considered as a performance enhancement on 802.11a. Since the goal of the thesis is 
studying on packet collision and Capture Effect, it is sufficient to study the OFDM PLCP 
which is used in both 802.11a and 802.11n (5GHz). The 802.11 networks in 2.4GHz domain 
which use the 802.11b compatible DSSS preamble are out of the scope of this work. 
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6.  Simple Capture Effect Experience 

 

6.1 IEEE 802.11 System Overview 

What the Capture Effect really looks like will be showed in this chapter. Firstly a simple 
communication scenario will be built up which contains most of the models which will be 
used in IEEE 802.11a PHY simulation later. The overview of the whole MATLAB IEEE 
802.11a PHY layer simulation model (from data sender side to data receiver side) is as 
follows (figure 8): 

1. Data Source Generating; 
2. Data Scrambler; 
3. Convolutional Encoder; 
4. Random interleaving; 
5. Phase shift keying modulation;  
6. OFDM modulation; 
7. Match Filter (Root Raise Cosine Filter); (optional model) 
8. Channel model; 
9. Match Filter (Root Raise Cosine Filter); (optional model) 
10. Short training sequence time synchronization;  
11. Long training sequence channel estimation;  
12. Multipath channel equalization;  
13. OFDM demodulation; 
14. Phase shift keying demodulation;  
15. Random de-interleaving; 
16. Viterbi Decoding; 

 

 
Figure 8:  IEEE 802.11a structure overview 
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Firstly the data source generating, in MATLAB random generating integer function is 

used to generate the source data. According to IEEE 802.11a, the scale of source data length 
is 1 to 4095 octets. Since now the goal is to simply show what Capture Effect is, so the size of 
source data can be randomly selected (In the feedback packet jamming simulation chapter 
later, the IEEE defined ACK packet size and structure is going to be implemented). After the 
generating model, the packets are going to the FEC (forward error correction) Convolutional 
encoder model. 

 MATLAB provides the Convolutional Encoder model. But before the encoding 
begins, the Trellis should be set, which gives the encoder the structure of the Convolutional 
Encoder. The (171,133) Convolutional code is utilized, which has the coding rate as: 1/2. So 
after the Convolutional Encoder model, the signal length will be twice as big as before. They 
will be sent into the random interleaving model. 

The random interleaver is used on the sender end and also the same states de-interleaver 
on the receiver end.  

After the interleaving, the data is sent into the QPSK model (the QPSK is randomly 
selected from the list of phase shift keying modulation table from IEEE 802.11 2007 [1] for 
this simple simulation, the other modulation schemes can also be selected). Since the QPSK 
will make 2 bits into 1 QPSK symbol, so the system firstly maps the each 2 bits into 1 
constellation (there are 4 different constellations in total: 00, 01, 11, 10), then make each of 
them into the corresponding complex number of : exp  j 3/4 π, 3/4 π, 1/4 π, 1/4 π   . 
Figure 9 shows the Gray mapping of QPSK. 

 

 
Figure 9: Gray mapping of QPSK 

  
The next step is mapping the QPSK symbols into OFDM symbols. In order to generate 

the OFDM symbols, first step is setting several parameters of the OFDM: the number of 
OFDM subcarriers (48 data subcarrier and 4 pilots), the point of IFFT (which is 64), the 
length of cyclic prefix (make it 1/4 of the OFDM symbol length), and the reorder subcarrier 
matrix which is used to make the guard band. The OFDM model will first make the incoming 
one dimension data into (48+4)×n matrix, afterwards the model will make these 52×n 
matrix into IFFT calculation, to make corresponding 64 IFFT data vector. In the digital 
discrete signal case, a 64-point IFFT is used, the complex number from stream number 1 to 
26 are mapped to the same numbered IFFT model inputs (assuming input numbers are from 0 
to 63), while the complex number from stream number –26 to –1 are copied into IFFT inputs 
38 to 63. The rest of the inputs, number 27 to 37 and number 0 (DC) input, are set to 0 in 
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order to add guard bandwidth. At last we need to copy the ending part of the 64 IFFT data 
vector as the beginning of OFDM symbol to generate the cyclic prefix (25% OFDM symbol 
is copied in order to generate cyclic prefix).  

According to the IEEE 802.11 2007 [1], to further avoid the inter symbol interference 
and decrease the frequency spectral density side lobe deeper, the window function is also 
needed. The OFDM symbols in 802.11a 20MHz bandwidth should be multiplied by a 
window function as follows: 

WT n WT nTS
1
0.5
0
   
1 n 79

0, 80
otherwise

 

 Why the time window function is necessary? In one complete 802.11a data packet, there 
are different components, the short training sequence, long training sequence, data OFDM 
symbols. The boundaries of these sub-frames are set by a multiplication by the time window 
function. As figure 10 shows, TTR is the boundary which is generated by OFDM symbols 
multiplication time window function. The boundary time interval TTR can make the different 
sections to be divided. Usually TTR is implemented large in order to smooth the transitions 
between the consecutive sections. The corresponding time window can be added into the 
OFDM symbol as the following, the 1st and the last OFDM symbol bits (The last here means 
one extra bit which is added at the end of the section, this bit is as the same as the first bit of 
this section, it is used to overlap the first bit of the next following section.) are multiplied by 
0.5 and the other between are multiplied by 1. 
 

 

Figure 10: OFDM symbols multiple with time window [1] 
 
 At the same time TTR can reduce the spectral side lobes of the transmitted waveform. 
There are 2 figures we can compare before and after adding the window function as the 
following: 
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With this window function, the PSD (power spectrum density) of the OFDM signal 

decreases further (the blue line stands for the situation with time weighting window function, 
the PSD decreases when frequency is close to 10MHz). As it is indicated from the figure 
12, for the 64 IFFT, the channel spacing is 20MHz, all the subcarriers are frequency 
orthogonal (only 15 subcarriers are shown in order to demonstrate clear view due to limit 
space): 
 

 
Figure 12: OFDM PSD and orthogonal subcarriers 

 
 After the OFDM the parallel OFDM data needs to be converted into serial form. 

In order to synchronize, the training sequence needs to be added into the PLCP preamble. 
For the time synchronization, the 802.11a OFDM PHY synchronization uses the short 
training sequence, after generate the given (by IEEE 802.11 [1]) format short training 
sequence (160 bits), makes it into the IFFT calculation, then generate the corresponding 

Red: No window 
Blue: With window

Figure 11: PSD comparison: with and without window function 
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OFDM short training sequence, and copy it at the beginning of the OFDM data. The 
functionality of short training sequence and synchronization model will be discussed in detail 
when we simulate feedback jamming later. 

In order to convert digital signal to analog signal and minimize the inter symbol 
interference, the pulse shaping filter can be added at the sender, and also one at the receiver 
end, in order to make them into match filtering. The root raised cosine filter is implemented, 
which is one part of the match filter in order to upsample (the upsample here is trying to make 
the digital discrete signal in the simulator more approach to the analog continues signal in the 
simulation. Analog signal is the actual transmitted signal in reality. So the upsample factor 
here in principle could be the bigger the better, since it makes the upsampled discrete signal 
approach more to the analog signal.) the digital data and also make the data signal to noise 
ratio (SNR) maximum. (The matched filter is the optimal linear filter to maximize the SNR in 
the presence of additive stochastic noise.) The root raised cosine filter is used which has the 
roll off factor as 0.17 (In pulse shaping root raised cosine filter, the roll off factor r indicates 
how much bandwidth is being used over the ideal bandwidth, the smaller this factor the more 
efficient the whole mechanism. So there is : r 1 N/N_t , N stands for number of used 
carriers which in IEEE 802.11a is 52 = 48 data carriers + 4 pilots. In OFDM, only the inner 
52 of the 64 subcarriers can be used, this can make sure the rest subcarriers are not attenuated 
by the root raise cosine edge in the frequency domain. N  stands for the number of total 
carriers which in IEEE 802.11a is 64.), and upsampling factor is 5 (which make the after 
upsampling digital signal have the PSD 5 times larger than the original PSD ). After adding a 
same filter at the receiver end, the match filtering is achieved, which maximize the SNR. In 
fact, during the implementing IEEE 802.11a PHY layer on MATLAB, the match filtering is 
not obligatory. (Figure 13 indicates the PSD figure when the match filter with the roll-off 
factor 0.17 is used.) 

 

 

Figure 13: OFDM PSD after pulse shaping filter 
 
 The signal after sender’s pulse shaping filter is fed into the channel model, which is 
composed of AWGN and multipath channels. Since so far the goal is showing simple Capture 
Effect, the multipath channel can be inactive and turned on when the feedback jamming 
Capture Effect is simulated later. 
 At the receiver end, the first one is the SYNC model, which uses the short training 
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sequence to synchronize the delay during the transmission (This part will be described in 
more details later).  
 Afterwards match filtering (root raise cosine filter) is needed, it is as the same as the one 
at the sender. It maximizes the signal SNR. At the receiver end, the filter samples the input 
data which comes from the channel model in order to get the same number of discrete data as 
the OFDM transmitter has. 
 Then the signal is fed into the OFDM demodulation model, which basically possesses 
the inverse structure of OFDM modulation model at the sender end. It makes the received 
OFDM signal covert into one dimension signal after OFDM demodulation. 
 After the OFDM demodulation, is the QPSK demodulation, as the inverse version of the 
sender’s QPSK modulation model. 
 Finally, the receiver de-interleaves the output signal and uses the Viterbi decoding model 
to decode the Convolutional code. 
 The following figure shows the performance of combination of QPSK and 
Convolutional code under AWGN channel. 
 

 

Figure 14: Performance of QPSK and Convolutional code 
 
 The following figure indicates the performance combining interleaving, OFDM, QPSK 
and Convolutional code under the AWGN channel: 

 
Figure 15: Performance of OFDM, QPSK and Convolutional code 
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6.2 Simple Capture Effect Simulation 

 In order to simulate Capture Effect and packet jamming, there should be an interferer in 
the same scenario, which has the same structure as the OFDM transmitter has. The only 
difference is: the interferer sends different content of data from which the OFDM transmitter 
sends (for simplification, the OFDM transmitter can send all “1” and interferer can send all “0” 
in the simplest and most ideal situation.). The signal which is generated by the interferer will 
go through the same channel model, and then it adds to the OFDM signal sent by the OFDM 
transmitter. 
 At first, the simulation is in the ideal situation, which means, the interferer sends the 
totally different content data, and the signal goes through the same channel which the OFDM 
transmitter signal goes through, and the interferer signal and OFDM transmitter signal reach 
the receiver at the same time with no relative time delay. The 802.11a synchronization 
mechanism is not used so far. The figure 16 below shows the BER of OFDM transmitted data 
or the probability of occurrence of Capture Effect under this scenario: (with the growth of the 
interferer’s power gain comparing with OFDM transmitter power, the BER changes.)  
 

 
Figure 16: BER of OFDM transmitted data (with the increase of interferer’s power) 

:  
    

The result in figure 17 indicates the Capture Effect from the view of the interferer. It 
shows the BER of the interferer signal changes with the increase of interferer power (RSS). 
Compare figure 17 with figure 16, they show when the BER of the OFDM transmitter’s 
signal reaches the highest level (in figure 16), the BER of the interferer’s signal starts to 
decrease to 0 (in figure 17). 
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Figure 17: BER of the interferer’s signal (with the increase of interferer’s power) 

          
This means when the signal from interferer has the same power (RSS) that the signal 

from OFDM transmitter has at the receiver end, the receiver starts to switch from receiving 
OFDM transmitter’s data into receiving interferer’s data. This is a simple Capture Effect. 
 The match filter can be removed and all the rest parts are still the same, which means the 
signal that comes out of OFDM modulator is fed directly into the channel instead of being fed 
into the root raise cosine filter, and at the receiver end the signal from the channel is directly 
sent into the OFDM demodulator. As it shows in figure 18 (the BER of signal from OFDM 
transmitter), the match filter does not make big difference for the performance of Capture 
Effect: 
 

 
Figure 18: BER of signal from OFDM transmitter without match filtering 

 
 Since the interferer is also an OFDM transmitter, it has the PSD (power spectrum density) 
which is similar to the AWGN in the frequency band which the OFDM transmitter is in, it 
may have the similar effect on the OFDM transmitter’s signal as the AWGN has. So the BER 
results can be compared between when there is only interferer and when only AWGN exists, 
and the common point can be found when the BER changes with the power gain SNR. The 
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following figure 19 is the BER of the system with only AWGN and no interferers. 
 

 

Figure 19: BER of the system with only AWGN and no interferers 
 

 The following figure 20 is generated in the same scenario as above except it makes the 
interferer and OFDM transmitter send random data which has uniformly distributed “1” and 
“0”, this can make the finial OFDM symbol have the PSD similar to AWGN. 
 
 

 
Figure 20: BER of the system with no AWGN and one interferer 

 
 As they are shown by figure 19, 20 above: when there is only AWGN and no interferers, 
the noise can make the receiver be unable to recover all the signal till the SNR increases 
higher than the SIR which is needed when there is only interferers and no AWGN, it is also 
shown the maximum BER appears when SNR is smaller than -4dB when there is only 
AWGN, and when there is only interferers, the maximum BER can be gotten when SIR is 
smaller than 0dB. The curve in figure 19 is less steep than the curve is in figure 20. 
 When the interferer and OFDM transmitter both send random source data, the highest 
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BER value is around 50%, which is also the value of highest BER when there is only AWGN. 
The trends of these two figures are similar. However, because of the Capture Effect, when 
there are both OFDM transmitter and interferer, and when the interferer power gain is less 
than 0dB, the receiver always try to receive the signal from OFDM transmitter since it has 
more RSS than the interferer’s signal. Receiver switches from receiving signal of OFDM 
transmitter to receiving signal of interferer once the interferer’s signal dominates. The BER 
has a deep decrease once receiver starts Capture Effect in figure 20. On the other hand, there 
is no Capture Effect in figure 19, receiver always tries to receive the signal of OFDM 
transmitter. Figure 19 actually shows the performance of OFDM, QPSK, random interleaving 
and Viterbi decoding under AWGN channel. 
 Another factor which is needed to be taken into account is the data content coherence. 
The probabilities of “0” and “1” in the digital signal of OFDM transmitter during simulation 
(also the probabilities of interferer’s data) can be changed. The following figure 21 shows 
with the change of the “1” and “0” probabilities, the packet collision works differently. 
 

 
Figure 21: Performance of packet collision with different packet content coherences 

 
Left side is BER, right side is PER, from up to down, the probabilities are:  

1. Interferer has “1” as 100%, OFDM transmitter has “0” as 100%, content difference is 
100%, highest BER value is 100%, PER reaches highest level when interferer has power 
gain 0dB, it starts to increase from 0 when the power gain is around -1 to 0dB. 

2. Interferer has “1” as 90%, OFDM transmitter has “0” as 90%, content difference is 
around 80%, highest BER value is around 80.12%, PER reaches highest level when 
interferer has power gain -5dB, it starts to increase from 0 when the power gain is around 
-6dB. 
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3. Interferer has “1” as 80%, OFDM transmitter has “0” as 80%, content difference is 
around 59.56%, highest BER value is around 59.6%, PER reaches highest level when 
interferer has power gain -6 to -7dB, it starts to increase from 0 when the power gain is 
between -8 to -7dB. 

4. Interferer has “1” as 70%, OFDM transmitter has “0” as 70%, content difference is 
around 39.69%, highest BER value is around 39.7%, PER reaches highest level when 
interferer has power gain -6 to -7dB, it starts to increase from 0 when the power gain is 
between -8 to -7dB. 

5. Interferer has “1” as 60%, OFDM transmitter has “0” as 60%, and content difference is 
around 19.59%, highest BER value is around 19.6%, PER reaches highest level when 
interferer has power gain -6 to -7dB, it starts to increase from 0 when the power gain is 
lower than -10dB. 

6. Interferer has “1” as 50%, OFDM transmitter has “0” as 50%, content difference is 0, and 
highest BER value is 0. 
As it is indicated above, the BER value also depends on the content coherence of the 

data which are sent by the transmitter and interferer. If the contents of two different packets 
have nothing in common, then the highest BER value can reach 100%, however, if the 
contents become more and more similar to each other, then the highest value of BER 
decreases, that is because when the Capture Effect happens, the receiver starts to receive the 
data from the interferer, the data from interferer is similar to the data from the OFDM 
transmitter to some extent, so the final BER cannot be 100%. In the extreme case, if they both 
have the same content, then the BER does not change, that is because the two packets are the 
same, for the receiver and BER calculation model, it does not matter which one is under 
receiving, there is always no errors. 
 While the BER depends on the content coherence, actually the PER also depends on the 
content coherence. As it is shown by figures above, with the increase of similarity of the 
packet contents, the packet jamming can happen with lower and lower interferer’s power gain. 
However, when the packets contents are totally different, the maximum PER or the highest 
probability of packet jamming happens when the interferer power gain is 0dB, which is 
higher than the required interferer power gain when the packets contents have some parts in 
common. When the contents have some parts in common, the highest probability of jamming 
appears when interferer power gain is -5dB even each different content coherence packet has 
different time of first time of jamming. 
 As it has been shown, the content coherence can not affect critically on the final PER 
value or the probability of packet jamming, as long as these different packets do not have the 
totally same content. Even with 1 bit difference can make the receiver realize the receiving 
packet is different. During simulation, the packets are constructed in normal cases, which 
means no extreme cases such as contents are totally the same or totally different is used. 
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7.  ACK/NACK Jamming Modules 

 

7.1 Simulation Environment Settings 

 So far a simple example of Capture Effect has been shown. Now the MATLAB 
simulation is going to be utilized, to study the LBP feedback jamming and acknowledgment’s 
Capture Effect. Most of the basic components in the simulation model are as the same as the 
simulation model of Capture Effect which has been implemented before. The differences are 
as follows: 

1. Compose the ACK packet as it described in the IEEE 802.11 standard [1], which 
includes the PLCP preamble, and the data part which follows the preamble. 

2. Instead of QAM which is randomly selected in the Capture Effect simulation model 
in the last chapter, the BPSK modulation model is used to modulate on the ACK and 
NACK packets now. 

3. Compose the NACK packet as follows, all the packet components are as the same as 
in ACK packet except there is only one bit difference. During the simulation, source 
generator flips one bit in the PLCP service data unit (PSDU) of ACK to generate 
NACK packet, since the type of transmitted packet is defined in the PSDU 
component by several bits which stand for different types, the simplest way is 
flipping one of these bits to make NACK different from ACK packet, and keep all 
the other components. 

4. There are 3 different simulation channels which are used in the simulation, the 
AWGN channel, the typical wireless fading channel: Rayleigh channel and Rician 
channel. They will be simulated respectively and show different simulation results. 

5. The Synchronization of IEEE 802.11a in this simulation will be shown that it is a 
factor which may affect the performance of data collision and Capture Effect. The 
research will also work on the PLCP preamble short training sequence 
synchronization.  

At first, the scenario is as follows: 
There are three different nodes in the simulation, one AP (access point) as the only 

receiver, two group clients (one is the leader of this group and the other one is the normal 
client). 

One data packet has been multicasted from the AP to these two different clients at the 
same time. According to the LBP protocol, once these clients in the same group have 
successfully received the data packet, they will do nothing and the leader of this group will 
send an ACK back to the AP to notice the AP that this data packet has been successfully 
received by this group and now the next packet is expected. This simulation assumes, now the 
data packet has been successfully received by the leader of the group, which means the leader 
will feedback an ACK back to the AP, and it also assumes that the other client (non-leader 
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normal group client) has not successfully received the data packet, which means this client 
will feedback a NACK back to the AP. During the simulation, the power of NACK packet can 
be changed by modifying its signal amplitude, which can be used to simulate the MR capture. 
 

7.2 Acknowledgement Packets Construction 

The ACK packet should be composed. From the IEEE 802.11a as it is shown in Figure 
22, the ACK packet includes PLCP preamble, PLCP header and data, which are coded and 
applied via OFDM. The first thing is generating the short training sequence section of the 
preamble. The frequency domain representation of short training sequence in table 1 [1]:  

 

 
Figure 22: PLCP protocol data unit frame format [1] 

 

 

Table 1: Frequency domain representation of short training sequence 
 

The system needs to feed these frequency represented short training sequence into the 
64-IFFT model, and gets the result, then extracts the first 16 coefficients from the result, and 
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repeats it 10 times, finally generates the 160 bits short training sequence. The system needs to 
add the time weight window onto the short training sequence in order to avoid the ISI (inter 
symbol interference). The window makes the 1st and the last extra complex number (161st) 
change into half of their original amplitudes. The usage of the short training sequence is to 
synchronize the incoming packet which will be discussed later. 

The next thing is generating the long training sequence of the preamble. As the short 
training sequence, the frequency representation of the long training sequence is the following 
in table 2 [1]. 

 

 
Table 2: Frequency representation of the long training sequence 

 
The transmitter needs to feed the frequency represented long training sequence into the 

64-IFFT model too, and gets 64 complex numbers as the result. It repeats the 64 complex 
numbers twice in order to generate a 128 complex numbers sequence. At last, it extracts the 
last 32 complex numbers and repeats them at the beginning of the sequence as the cyclic 
prefix (it is as twice as the normal OFDM symbol guard interval). Finally the transmitter has 
the 160 bits long training sequence. The weighting window should also be added on the long 
training sequence. 

Since during the simulation, the data content of the ACK and NACK packet is not very 
relevant, the transmitter randomly generates this part after the PLCP preamble. It includes: 
the signal part (PLCP header), the data part, send them into the 64-IFFT. The result comes 
from the IFFT model will be added after the PLCP preamble. So far the whole ACK packet is 
generated as figure 23 shows. 
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Figure 23: OFDM training structure [1] 

 
The NACK packet has only one bit difference (at 121th bit, the 1st bit in PSDU from 

which indicate the type of this packet), the rest components of the packet are the same as the 
ACK packet.  

 

7.3 PHY Layer Modules 

The models that the packets go through in the next steps are as the same as the models in 
the Capture Effect simulation in last chapter. After generating the packets, they are sent to the 
Covolutional Encoder. Transmitter uses the 1/2 code rate, (171,133) Convolutional Encoder, 
which makes the output bits twice length as the input bits. The next model is interleaving. 
The data should be interleaved in order to go through the wireless channel which may cause 
the data appear burst errors. It uses random interleaving model here, and on the receiver end 
or AP end, the same random de-interleaving model is used. 

According to IEEE 802.11a, the feedback such as ACK and NACK are modulated by 
BPSK (Binary Phase Shift Keying), so transmitter implements the BPSK to modulate the 
incoming ACK and NACK data (In the figure 24 and 25 there are the constellation figures of 
BPSK before channel and after AWGN channel).  

 

   

Figure 24: BPSK constellation before channel  Figure 25: BPSK constellation after channel 
      

Then the data is sent into the OFDM model, which contains 64-IFFT model. The 
incoming ACK or NACK packets data are divided into groups of 64 bits and sent into the 
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64-IFFT, the outputs of the IFFT model are groups of 64 complex numbers. Once transmitter 
gets these 64 complex numbers, according to IEEE 802.11a, the last 16 numbers (25% 
symbol length) are copied in front of these 64 complex numbers to generate the cyclic prefix, 
which is used to avoid inter symbol interference (ISI). At last, the data should also be 
weighted by the weighting window which is also used by the short training sequence. Since 
after the OFDM model, the data are parallel, the next step is making the data into serial data. 
Transmitter also needs to add the PLCP preamble which includes short training sequence and 
long training sequence at the beginning of the packet, and finally composes the data which 
can be sent into the channel. 

Since the system is simulating the Capture Effect with two different frames ACK and 
NACK, it means it needs to make the outputs respectively from ACK generator and NACK 
generator together in the channel model. It makes the simulations in AWGN channel, 
Rayleigh wireless channel and Rician wireless Channel. 

What the simulator does first is making the arriving time of ACK and NACK jitters, 
which means during the simulation, it will generate thousands of ACK and NACK packets as 
test samples, in each round only a pair of ACK and NACK arrive at AP, but they may arrive 
at AP at different points of time with the uniform distribution, the NACK has the probability 
of arriving AP earlier than ACK does, ACK also has the probability of arriving AP earlier 
than NACK does, they both can also arrive at the same point of time.  

There is another factor which should be considered, it is the relative arriving time 
difference between ACK and NACK. Simulator needs to make sure the Capture Effect occurs 
when the AP is still handling the PLCP preamble of the first arriving packet, which is the 
Preamble Capture. This Capture scheme also means the Capture Effect does not happens once 
the later arriving packet arrives after the AP has finished handling the PLCP preamble of the 
first arriving packet. 

Since there is going to be a deep look into the Capture Effect, the simulator also divides 
the delay of later arriving packet into 3 different situations:  

1st, the delay of later arriving packet is smaller than the Guard Interval time duration of 
the first arriving packet which is 8e-7s. 

2nd, the delay of later arriving packet is smaller than the short training sequence time 
duration of the first arriving packet but larger than the Guard Interval time duration which is 
between 8e-7s to 8e-6s. 

3rd, the delay of later arriving packet is smaller than the time duration of the whole 
PLCP preamble but larger than the time duration of short training sequence which is between 
8e-6s to 16e-6s. 

In order to have a good view of Capture Effect in AWGN channel, the SNR is made to 
be high, and only the interference between these packets is considered. So the “SNR” can be 
set as 10dB. 

In the Rician wireless channel model, the simulator defines several different paths (3 
different paths in the simulation). Since in typical home wireless channel, the path delays are 
between 10e-7 second to 10e-9 second, which also means the path lengths can vary from 10 
meter to less than 1 meter (The guard interval of OFDM is defined as 8e-7s, the longest path 
should have the delay within in guard interval). It is assumed that the path lengths are tens of 
meters in the simulation. For each of these paths, they must have their own path fading gain 
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which is one negative dB value. Since the research subject is studying on the simulation of 
networks devices which cannot be moved when they are working, which means the Doppler 
Shift can be skipped in the simulation. 

The Rayleigh wireless channel model is used in NS-2 simulation, which will be 
discussed in the chapter of NS-2 simulation. 

After the channel, the signals are sent directly into the synchronization model. The 
synchronization model is crucial for the successful capture. There are basically several ways 
to synchronize the incoming data, at present the system uses the way which based on the 
training sequences. At the transmitter end, there are two different training sequences being 
added at the beginning of the transmitted packet as the PLCP preambles. The simulator will 
use these two different training sequences for different purposes. The first short training 
sequence is used to detect the beginning of the data packets. There are several methods that 
can be used to achieve this goal [17][20][21][22][23]. The basic thought is as the following, 
the pre-defined short training sequence is known both by the transmitter and the receiver, the 
short training sequence is added as the beginning part of the data which will be sent. After the 
channel, the receiver use the original pre-defined training sequence to correlate with the 
incoming data, and some further mathematic calculations in order to find the time delay of the 
packet which is introduced by the channel and other physical layer models.  

At present, the simulation uses the following method to detect the start of the incoming 
signal [17]. Since both the transmitter and the receiver know the pre-defined short training 
sequence, the system can simply correlate the incoming signal which comes from the channel 
with the original pre-defined short training sequence. The correlation will generate 10 peaks 
since there are 10 short training symbols in the short training sequence. These 10 peaks show 
the time points when the short training symbol overlaps precisely with the incoming signal’s 
10 short training symbols in the short training sequence. What the receiver cares the most is 
the first peak and the last peak among these 10, the number of the rest peaks between these 
two should be 8. The index of first peak indicates when the delay signal or packet starts, in 
other words, how long the delay lasts. The index of last peak indicates when the long training 
sequence part in the PLCP preamble starts, in other words, when the short training sequence 
in the incoming signal ends. 

When this method is used, the receiver should make sure the number of peaks should no 
less than 10 (in multipath channel or other scenarios, the number may be larger than 10, 
which will be shown in the following). If the number of peaks is less than 10, then the 
synchronization fails (discussed in more details in paragraph “Synchronization Failure”). 
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Figure 26: 10 peaks in synchronization model 
 

As it is shown in the figure 26, when there is neither multipath nor other transmitters, the 
10 peaks can be detected clearly, and there is only one group which contains 10 peaks. 
However, when there is multipath or more than only one signal transmitter at the same time, 
the case is different.  

 

 
Figure 27: Peaks in synchronization model under multipath 

 
When the channel is multipath, due to the multipath, there are several different paths in 

the channel model, each of them contains one path of signal with different time delays and 
power gains. There may be more than one group of 10 peaks after the receiver correlates the 
incoming signal with the pre-defined short training sequence (for example in figure 27, there 
are several groups of incoming packets due to multipath). This depends on how the delays 
and gains for each path are distributed in the multipath channel model. 
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Figure 28: Peaks in synchronization model in situation number 1 

 
Figure 29: Peaks in synchronization model in situation number 2 

 

 
Figure 30: Peaks in synchronization model in situation number 3 

 
The similar thing happens when there are more than one transmitter which send signals 

into the channel and to the same receiver in the same transmission round. This could happen 
in our Capture Effect simulation which also has 2 different transmitters and 1 receiver. The 
number of 10 peaks group can be also more than one, it depends on the RSS relationship 
between these different signals from different transmitters. This will also be discussed in the 
following when the Capture Effect simulation under different scenarios is implemented.  
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There are several other synchronization methods, for example, the method in 

[22][23][17][21] is also based on the short training sequence. It is needed to calculate two 
normalized auto-correlation timing metrics. The first metric M θ  is the result of 
correlation between the received signal and the delay of itself. The delay is a short training 
symbol, which is N , it will generate a plateau with the length of 9 short symbols. On the 
other hand, the second metric M θ  is the result of correlation between the received signal 
and another delay of itself. This time the delay is two short training symbols, which is 2*N . 
At this time, it will generate a plateau with the length of 8 short symbols. 
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M θ M θ , then a triangular shaped timing metric can be got. The final step is to find 
out the peak of the metric which indicates the start of the 9th short symbol, the system 
searches for the maximum result of M θ M θ , which is the delay of the incoming 
signal.  

This synchronization method can work fine when the time delay between different 
packets are within GI. Since during our Preamble Capture simulation, the delay between 2 
packets can be larger than GI, which can make the synchronization work with errors (when 
the delay is larger than GI, there might be a extra triangular shaped timing metric which is 
generated by subtraction between long training sequences metrics). 

After the synchronization, the next step is channel estimation and compensation. Each 
sub-carrier is narrow band (20MHz/(48 subcarriers + 4 pilots + 12 guard band) = 
0.3125MHz), and each of them experience a flat fading, which is one reason the 802.11a uses 
the OFDM in the wireless selective fading channel. It is assumed that Y is the received signal, 
X is transmitted data, C is the channel response and Z is the noise. For each sub-carrier k, 
there is: Y(k) = C(k)X(k) + Z(k). The receiver needs to do the equalization for each 
sub-carrier. It uses long training sequence in the PLCP preamble to estimate the channel: 
C ́ k Y k / X k , extracts the long training sequence from the incoming signal as Y(k), 
then uses the pre-defined long training sequence as X(k), and can get the C ́ k . This channel 
estimation coefficient will divide all the data from the received packet in order to compensate 
the received data. 

After the channel estimation and compensation, the next step is BPSK demodulation, 
de-interleaving and Viterbi soft decoding. These models have the same parameters and 
configurations which the corresponding models at the transmitter end have.  

Before starting the simulation, the content coherence of ACK and NACK packets should 
be considered. Actually, the original packets of ACK and NACK only have one bit difference 
as they are described above. The system makes the ACK and NACK 182 bits long, so the 
difference between ACK and NACK packets is 0.55%. Then it encodes these packets by 
Convolutional Encoder, after this the packets grow to 364 bits, the original data are encoded 
into new codes which are used in FEC, the difference is 2.75%. It does the interleaving on 
these packets which will not change the difference between two packets, since interleaving is 
only change the transmission order of data in the packets. Nothing happens in the BPSK 
modulation because in binary digital data transmission, the Binary Phase Shift Keying only 
maps binary digital data into 2 phases. The next step OFDM modulation changes the contents 
again. The OFDM modulation uses IFFT to generate OFDM symbols, the inputs data into the 
IFFT model are quite different from the output of IFFT model. After the OFDM modulation, 
the packet size becomes 560 bits, the difference becomes around 77.68%. After adding the 
same PLCP preamble in front of the ACK and NACK, the length becomes 880 bits and 
difference becomes around 49.43%. 
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The reason the content coherence should be considered is: as it has been shown from the 
simple Capture Effect simulation before, if there are two difference packets with different 
contents, when these two packets are jamming, the probability of BER changes with the 
content coherence between these 2 packets. However, the PERs of the packet do not have big 
difference when the jamming packets have different content coherences. As long as the 
packets which collide at the receiver have different contents, the result from jamming 
simulation can be ensured to be close to stable only with a little difference on the jamming 
starting time. 
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8.  Synchronization Model  

 
In the simulation, there is a factor which affects the packet error rate and even Capture 

Effect, which is the synchronization mechanism. Since the simulation system uses the short 
training sequences to detect the packet edge, it uses the correlation calculation to find out at 
least 10 peaks (as it is described in the last chapter) to detect the start of incoming packet. The 
correct 10 peaks may not always so easy to be detected under certain circumstances in the 
simulation synchronization model, which means the synchronization may fail sometimes for 
some reasons. Actually, there is an important factor in synchronization model which can 
affect the result of synchronization a lot. As normally does after receiving incoming signals, 
the receiver firstly does automatic gain control (AGC) to normalize the incoming signals, 
after that it does the correlation calculation to find out peaks. In fact, after the correlation 
calculation it can get arbitrary numbers of different values. Now the question is: How does 
the receiver decide whether a certain value is a peak or not? Or in other words: What is the 
standard to determine whether a certain value is a peak or not? 

During the implementing of the synchronization model in MATLAB, it is needed to set a 
threshold value, which is the standard and used to determine whether a certain correlation 
calculation result is a peak or not. In reality, this threshold is determined by the developers 
and not fixed. All the values which are larger than this threshold are considered as peaks. 
However, two problems arise:  

1: This developer defined threshold may affect the result of Capture Effect simulation. 
Different thresholds may result in different Capture Effect results. 

2: Once the threshold is fixed by the developers, with the change of packet’s power, 
there may be more than 10 values larger than the threshold, or can also be less than 10 values 
larger than the threshold even after the AGC.  

Take the case in Figure 31 below as example A, this is the PLCP preamble signal in 
synchronization model while it does preamble capture. There are 2 incoming packets (the 10 
equal values at the beginning are the 1st incoming packet’s 10 short training sequences, the 
later higher and unequal values are the 2nd incoming packet’s 10 short training sequences). 
The later incoming packet has the delay larger than the time duration of guard interval. The 
threshold is set as: “0.7”, there are less than 10 values which are larger than this threshold. 
Since the receiver only can detect less than 10 peaks now, according to the synchronization 
mechanism, this round synchronization fails. However, if developer sets the threshold as 
“0.5”, then receiver can successfully get 10 peaks and the synchronization works.  

Take the case in Figure 32 below as example B, it is also PLCP preamble in 
synchronization model when it does preamble capture. The case is on the contrary, if receiver 
sets the threshold as: “0.7”, it can get correct 10 peaks which can make it successfully 
synchronize. However, if it sets the threshold as “0.5”, then it can get more than 10 values 
which are larger than the threshold, and this causes more than 10 peaks. Receiver may select 
the first 10 peaks as the final synchronization result to do further jobs as one compromise 
solution, but this solution may make it synchronize with the unwanted packet. 
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Figure 33: Peaks when 2 packets are with close powers 

  
 As it is shown in Figure 33, when the powers of the two different packets are close to 
each other, the synchronization in MATLAB is difficult to work correctly, the synchronization 
may simply fail. It may select the highest peak in this round and search for the other 9 peaks 
around this peak within a certain domain. Once the receiver selects the highest peak and starts 
to search the other 9 peaks, there is high probability that it cannot find out all the other correct 
9 peaks which belong to the later arriving packet. If there is no 10 peaks which can be find 
out, then the synchronization fails. This can also cause the unsuccessful receiving of packet at 
the receiver end. Once the receiver cannot successfully receive the packet, the final error rate 
result will have the same effect as when there is a successfully packet jamming or the receiver 
switches into receiving the unwanted packet (NACK packet). 
 In fact, synchronization failure is something the system cannot avoid to some extent, and 
it is totally normal in reality. When the synchronization fails, the receiver simply does nothing 
and waits for the further incoming data. 
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9.  Capture Effect Simulation 

 
 So far, the whole IEEE 802.11a physical layer model which will be used to simulate the 
Capture Effect has been successfully set up. 

Again, the most crucial factors which may affect Capture Effect are: the arriving time of 
later arriving packet and the power difference between these packets. From the view of time, 
the system divides the arriving time point into three different types. On the other hand, from 
the view of power difference, the simulator simulates it by increasing the signal amplitude of 
the NACK packet from totally 0 (which means no NACK packet at all only AWGN noise 
exists) to several times of ACK packet’s signal amplitude.  

For simplification, first simulation is the Capture Effect under AWGN channel, and then 
it will switch into the wireless multipath channel to simulate the Capture Effect in the 
wireless home networks environment. 

 

9.1 AWGN Channel 

At first, in the simplest case, the simulator simulates the Capture Effect in the AWGN 
channel with the SNR=10dB. It simulate firstly the PER (packet error rate) of ACK packet 
when there is no interference from NACK packet, which means simulator simply shuts down 
the NACK transmitter. The ACK packet is the only one which is sent through the channel and 
into the receiver. Then simulator turns the NACK transmitter on, and starts with small signal 
amplitude or power comparing with ACK packet. It increases the power of NACK packet 
from minus infinite dB comparing with the power of ACK packet, to 5dB. (The simulator 
increases the average amplitude of data in NACK packet from 0 to around 3 times of average 
amplitude of data in ACK packet.) 

The following figures show the probabilities of unsuccessfully receiving ACK packet 
when the later arriving packet arrives:  

 (Figure 34) within the time duration of Guard Interval (situation number 1);  
 (Figure 35) larger than Guard Interval but smaller than the duration of short training 

sequence (situation number 2);  
 (Figure 36) larger than duration of short training sequence but smaller than the 

PLCP preamble duration (situation number 3). 
According to the figures, the PER of ACK packet increases from 0 to 1 with the increase 

of the NACK packet power, which also means the feedback jamming of ACK and NACK 
occurs from 0% to 100%. 
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Figure 34: ACK PER increases with increase of NACK power in situation 1 

 

 
Figure 35: ACK PER increases with increase of NACK power in situation 2 

 

 
Figure 36: ACK PER increases with increase of NACK power in situation 3 

 
When the later arriving packet (can either be ACK or NACK packet) arrives with the 

delay smaller than the duration of Guard Interval (Figure 34), the packet jamming probability 
reaches highest amount when the power of the later arriving packet has the gain as -3dB of 
the first arriving packet. When the power of later arriving packet is smaller than -5dB, the 
jamming does not happen, the receiver can always successfully receive and recover all the 
first arriving packets. The PER value decreases from 1 to around 70% when NACK packet 
has power gain as 3dB, this is because the receiver is able to successfully recover NACK 
packet once NACK power gain is big enough. The system use received NACK packet to 
compare with transmitted ACK packet in order to calculate BER and PER. Since the NACK 
and ACK packets are similar and only with 1 bit difference (which has been explained in 
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chapter 7), the calculation makes the error rate decrease to the value of the difference between 
the ACK and NACK content. This phenomenon also happens in all the PER figures. 

When the later arriving packet (here is NACK for simplification) arrives with the delay 
larger than the duration of Guard Interval, but smaller than the duration of short training 
sequence (Figure 35), it is shown that the packet jamming probability reaches highest amount 
when the NACK packet has the power gain as -8dB of the power of ACK packet. When the 
power of NACK packet is smaller than -10dB, the jamming does not occur, and the receiver 
is able to successfully receive and recover all the ACK packets. 

When the NACK packet arrives with the delay larger than the duration of short training 
sequence, but smaller than the duration of whole PLCP preamble (Figure 36), the result 
indicates almost the same as Figure 35 does.  

 

 

Figure 37: Real part of ACK and NACK data 
 

 
Figure 38: Complex envelop of ACK and NACK data 

 
There is a difference between when the delay is within the Guard Interval (situation 
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number 1) and when the delay is larger than the Guard Interval (situation number 2 and 3). 
The powers that the later arriving packet should have in these 2 different situations have 
nearly 5dB difference. The reason is because of the Guard Interval. There are the contents of 
ACK and NACK packets above in figure 37 and figure 38. From the figures, the envelopes of 
ACK and NACK packet data look very similar (figure 38). There are 880 bits in total, the 
first 400 bits of ACK and NACK are the same, and the rest parts have the very similar 
envelope, the content coherence at the same time point are high. 

The system uses cyclic prefix as Guard Interval in order to avoid ISI and ICI. Once the 
later arriving packet arrives within the Guard Interval, the receiver is able to recover the first 
receiving packet and treat the other as one echo from multipath or as one inter symbol 
interference which arrives within Guard Interval. When the later arriving packet has the delay 
larger than the guard interval, these 2 packets can cause inter symbol interference. This 
interference needs more power to be recognized and recovered. Once one of these packets has 
the power at least -3dB than the other one, the packet jamming can successfully happen. 

 

9.2 Rician Channel 

Now the simulation takes place in the wireless Rician channel model. In the Rician 
wireless channel model, the simulator defines multiple paths (3 different paths in this 
simulation). The delay path lengths are set from tens of meters to several meters, which 
means the path delays can vary from 10e-7 second to 10e-9 second. The guard interval of 
OFDM is defined as 8e-7s, the longest path should have the delay within in guard interval. In 
Rician fading channel model, each of the paths have their own path fading gain which is one 
negative dB value. Since the research subject is studying on the simulation of networks 
devices which cannot be moved when they are working, which means the Doppler Shift can 
be skipped in the simulation. 

As what it has been done in the AWGN channel model simulation, it is also needed to 
increase the RSS of later arriving packet from minus infinite to 5dB, at the same time the 
system starts the Capture Effect simulation with the delay of later arriving packet in the same 
3 different delay cases as above. The following figures 39, 40, 41 indicate when and how 
feedbacks jamming occurs in the wireless Rician channel model. 

 

 
Figure 39: ACK PER increases with increase of NACK power in situation 1 
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Figure 40: ACK PER increases with increase of NACK power in situation 2 
 

 
Figure 41: ACK PER increases with increase of NACK power in situation 3 

 
Figure 39 shows the packet jamming probability changes with the increase of the later 

arriving packet power when the delay of the later arriving packet is within the duration of the 
Guard Interval (situation number 1). The packet jamming probability now is similar to the 
simulation result in the AWGN channel. The packet jamming can not 100% occur until the 
later arriving packet has power gain as -3dB. With the power gain increases, the packet 
collision probability stays on the highest level.  

Figure 40 and 41 show the packet jamming probability changes with the increase of the 
power of the NACK packet (later arriving packet) when the delay of later arriving packet is 
larger than the duration Guard Interval but still within the duration of PLCP preamble 
(situation number 2 and 3). The packet jamming probability now is different from the packet 
jamming probability when the delay is within the Guard Interval. The probability of jamming 
reaches highest amount when the power of the NACK packet is larger than -5dB comparing 
with the ACK packet power. It is -5dB less comparing with the result when the delay is within 
the Guard Interval. 

The comparing result here in the wireless Rician channel is nearly the same as the result 
comes from the simulation when the channel model is AWGN channel. It can be concluded 
that the fading of the home networks wireless fading channel is not a crucial factor which can 
affect the performance of packet jamming. 
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9.3 The Guarantee of Successful Capture Effect 

 When the LBP protocol is implemented and the feedback packet collision or jamming 
are made, normally the receiver having received the ACK packet with high PER is noticed, 
which means the receiver does not receive the ACK correctly. There are 2 main different 
reasons. First, the ACK packet is destroyed and the receiver cannot receive the packet without 
error even after the error control mechanisms. Second, the Capture Effect happens, which 
makes the receiver switch into receiving the NACK packet. 
 Actually, during the simulation, the successful Capture Effect of NACK packet is more 
difficult to realize than the packet jamming or only destroy the ACK packet. Once the power 
of the NACK is strong enough, it indeed can make packet jamming, destroy the ACK packet 
and make the receiver unable to recover the ACK packet. However, the strong enough power 
to make packet jamming happen cannot guarantee strong enough power to achieve successful 
Capture Effect of NACK packet, since Capture Effect means switch to receiving another 
packet and not just make the current receiving packet be destroyed. 

The NACK packet can be considered as interference, it interferers the communication 
between ACK transmitter and the receiver. So when its power increases, the interference of it 
on the ACK increases too. When the noise or the interference is big enough ACK packet is 
seriously destroyed and the receiver cannot recover the incoming ACK packet, so the PER of 
ACK increase till the highest. 

When the power of the NACK packet increases, the data at the receiver goes through 
several stages before the Capture Effect happens in MATLAB simulation.  

First stage: Since the NACK packet has the same structure as ACK has (the only 
difference is the bit which indicates different packet types in DATA field), so when the power 
increases, the receiver comes to notice the existence of NACK packet. From the view of 
synchronization, firstly, it can only detect 10 peaks (see the synchronization paragraph above) 
which belong to ACK because the power of NACK is too weak, but with the increase the 
power of NACK packet, it can not only detect 10 peaks of ACK but also some extra peaks 
which belong to NACK. The number of these extra peaks appears firstly less than 10, with 
the increase of NACK power, more and more peaks belong to NACK appear. Since the power 
of NACK is not big enough, these peaks are not the highest peaks, the highest are still the 
ones belong to ACK, so the receiver still tries to synchronize with the ACK packet. (From the 
Figure 42 below, for example, with the increase of amplitude of NACK from 0.5 to 0.8 
compare with the amplitude of ACK signal, the peaks belong to NACK appear, they become 
more and more, and they increase stronger than before, but they are still not the highest so far.) 
Now the NACK packet has the ability to destroy the ACK and makes the receiver cannot 
successfully receive or recover the ACK, but the ability is relative weak. The probability of 
successfully destroy ACK or make packet jamming is relative low. 
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this is because the synchronization fails the receiver cannot receive any packets, system 
compares the ACK with the incorrect packets or even no packets (dropped due to 
synchronization failure), the PER increases to 100%. The same phenomenon occurs in all the 
PER figures. 

 The comparison can be made between this result here with Figure 34 which shows the 
PER of ACK packet changes with the increase of power of NACK packet. In Figure 34, the 
PER for the first time reaches 1 when the NACK packet power is between -3dB to 0dB, while 
in Figure 45, the PER starts to decrease from 1 when the NACK packet power is larger than 
2dB, and PER reaches the lowest amount when the power is larger than 4dB. 
 The comparison above is important. It explains when the Capture Effect occurs and the 
relationship between it and packet jamming. In Figure 45, it starts at 2dB and the receiver 
successfully receives NACK packet when power is larger than 5dB. It is larger than the 
power gain when the ACK packet cannot be recovered successfully, which explains when 
NACK packet successfully destroy the ACK packet, it still needs more power in order to 
achieve Capture Effect. Figure 45 indicates the Capture Effect when the later arriving packet 
arrives within the Guard Interval time duration (situation number 1).  

The situation is different when the later arriving packet or NACK packet arrives later 
than the duration of Guard Interval (situation number 2 and 3). In Figure 46 below, the 
receiver is able to successfully recovery all the information in NACK packet after the NACK 
power gain is larger than 12dB. Why does the NACK need much more power to achieve 
Capture Effect when the delay is larger than Guard Interval duration? The answer is: when 
the delay is within the Guard Interval duration, which means the time difference between 
ACK and NACK is within Guard Interval, then if one of them has stronger (no need to be 
much stronger) power than the other has, the receiver can consider the weaker one as inter 
symbol interference or echo, then it would be easier to successfully receive the one with 
stronger power. Now when the delay is larger than the Guard Interval duration, the weaker 
one cannot be handled well as inter symbol interference since the echo delay is longer than GI. 
It causes interference with the data field of ACK packet, which makes the PLCP preamble of 
NACK (later arriving) much more difficult to be detected by the synchronization model, this 
is the synchronization failure case which has been discussed above. 

 

 
Figure 46: NACK PER performance situation 2 & 3 under AWGN channel 
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As it has been discussed in paragraph Synchronization Failure the value of threshold 
can affect the simulation synchronization result. In this example, it cannot be concluded that 
which threshold is better. If the receiver wants to have clearer 10 peaks and more 
confirmations, it should wait till the 10 peaks seem more similar and close to each other, this 
way provides it trustable correct synchronization result, but it also gives it more 
synchronization failures. If the receiver does not care about whether this round packet 
synchronization is correct or not, and leaves all the hard works to next model such as FEC 
decoding or phase shift keying demodulation, and it gives the decisions to the next steps such 
as final BER calculation, then it can set the threshold not so strict, this may often give it false 
alarm and incorrect synchronization result. The balance between these 2 situations should be 
decided by the developer. 
 

Now what happens in the synchronization model when the delay are within the Guard 
Interval and larger than the duration of Guard Interval (situation number 2 and 3)? 

The Figure 49 and Figure 50 below are the peaks from synchronization model when the 
NACK (later arriving packet) packet has the power gain around 8dB. Figure 49 shows the 10 
peaks in synchronization model when the delay of the later arriving packet is within Guard 
Interval (situation number 1), and Figure 50 shows the peaks when the delay is larger than the 
Guard Interval (situation number 2 and 3). 

In Figure 49, the 10 peaks which are needed to synchronize and detect the start of packet 
is clear, so when the delay of NACK (later arriving) packet is within Guard Interval and the 
packet has the power gain 8dB, the synchronization works fine and the receiver can 
successfully receive the NACK packet. 

In Figure 50, the 10 peaks belong to NACK (later arriving) packet are not clear, the 10 
peaks belong to NACK are blur, and some of their values are not so similar and close to the 
other peaks. 

 

 
Figure 49: 10 clear peaks in synchronization model 
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power strength among all the different paths. The receiver can focus on receiving the packet 
on this LOS path and treat the others as echo. This can make the receiver receive the packet 
easier and make the incoming packet with stronger power. 
 

 
Figure 52: NACK PER decrease with increase of NACK power 

 

 

Figure 53: NACK PER decrease with increase of NACK power 
 

There is one thing which is different from NS-2 simulation which will be discussed next. 
When the PER reaches the highest value (in all situations) when it simulates the Capture 
Effect, take the figure below figure 54 for example (it is the Capture Effect simulation under 
Rician channel situation number 1), it is the change of ACK PER and NACK PER when it 
increases the NACK power gain. When the receiver successfully receives ACK packet, the 
NACK packet PER (the blue line) is not 100%, it is around 70% (before -6dB). The same 
thing happens on ACK PER when the receiver switches into receiving NACK packet, the 
PER (the red line) will stay at around 70% instead of growing into 100%. The reason has 
been explained before, when the ACK PER or NACK PER becomes and stays at a stable 
value around 70%, it means the receiver now is successfully receiving the contrast type 
packet (ACK’s contrast type is NACK, NACK’s is ACK). Take NACK as an example, the 
blue line in figure 54, the PER of NACK packet reaches nearly 100% after staying at 70% for 
a while. That is because at first the receiver receives the ACK packet and then due to the 
Capture Effect, it switches to receiving NACK packet. At first, the receiver successfully 
receives the ACK packet since the power or the RSS of ACK is large enough which can 
guarantee the capture on ACK packet (which is also the first stage that is elaborated before), 
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the system calculate the NACK PER by comparing received packet which is ACK with 
transmitted NACK, since the contents of ACK and NACK are similar, the error rate cannot 
reaches 100%. With the increase of power of NACK packet, the receiver cannot successfully 
receive any packets any more, the synchronization may fail and the receiver may receive 
totally incorrect information (which is also the second stage that is elaborated before), the 
error rate therefore reaches 100%. During synchronization, once there is synchronization 
failure, the receiver will not do anything further, it will abandon this packet in this round and 
wait for the next incoming packet. This can cause the BER of this packet 100%, which 
eventually makes the final PER reach nearly 100%. At last, the power of NACK increases 
large enough. It can make the receiver capture itself (which is also the third stage that is 
elaborated before), the error rate decreases with the increase of NACK power. The same thing 
happens at the ACK PER, the receiver at first goes through the synchronization failure which 
makes the PER reach 100%, once the synchronization successes, the ACK PER reduces to 
around 70% and stays on that level because of successful receiving NACK packet. 

 

 

Figure 54: Comparison between ACK and NACK PERs 
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10. NS-2 Simulation 

 

10.1 NS-2 Simulation Environment 

In the BLBP protocol, NS-2 simulator [http://www.isi.edu/nsnam/ns/ns-build.html. packet 
ns234] sets the following parameters: 
1. Channel model:     wireless Rayleigh model; 
2. The time duration of SIFS:   0.000016 s; 
3. ACK, NACK transmitted power:  0.1 w; 
4. Bandwidth:      20e6 Hz; 
5. Carrier Frequency:     5.1e9 Hz; 
6. AWGN noise floor:     1.0e-12 w;  
7. SINR preamble capture:    5 dB (3.1823 times); 
8. CSThresh:       6.31e-12w 
9.  Modulation Table:     model: BPSK 

Bit per OFDM symbol:    24bit per symbol 
 Datarate:       6Mbit per second (for ACK and NACK) 
 

Channel environment = Free space model + Rayleigh fading model 
 

Since the NS-2 simulation is based on the BLBP, which is a member of LBP family, here 
is a short description of what it is. BLBP is short for Beacon LBP which means the whole 
scheme acts like Leader Based Protocol but with one little difference: there is a packet which 
is transmitted as “beacon” of the next coming data packet to the receiver. Every time the AP 
wishes to start to transmit a new data packet, it firstly sends a “beacon” frame which contains 
the sequence number of the following data packet to all the clients in the group, after that it 
sends the data packet. Thanks to this “beacon” frame, the clients have the knowledge of 
which packet they are receiving at the present. If we have 3 clients in one group for instance, 
one is leader and the others, client A and client B, are non-leaders. The AP firstly sends the 
“beacon” frame which contains the sequence number 1 for instance, after successfully 
receiving this “beacon” frame all the clients have an idea which packet will be transmitted. 
Then the AP starts to send the data packet number 1, let’s assume the leader and client B 
successfully receive it, so leader feedbacks an ACK and client B does nothing. If client A fails 
to receive it, then client A feedbacks a NACK packet. The AP cannot successfully receive 
ACK from leader because of feedback packet jamming, so it will retransmit the same data 
packet. If in this new retransmission round, the leader does not successfully receive the 
packet, it will still feedback ACK since it knows the data packet which has the sequence 
number 1 has already been successfully received before. The same thing happens on client B. 
So if client A can successfully receive the data packet in this round, then it does nothing. The 
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AP receives only ACK from leader, and the packet number 1 has been successfully 
transmitted. 

The reason there is an extra “beacon” frame is: original LBP needs all the clients 
successfully receive one data packet in the same round, and it is difficult when the channel 
condition is bad. BLBP can make the requirement lower, it only needs all the clients 
successfully receive the same data packet in one of several transmission rounds. And secondly, 
in LBP if the client does not receive the data packet at all, it has no clue when to feedback the 
NACK to cause the jamming, so the “beacon” can also tell the clients when to start the 
feedback. 

The whole NS-2 simulation scenario is composed by one AP, two clients and the channel 
model. When the simulation starts, the AP firstly broadcasts the “beacon” frame of the 
following data packet and then the data packet to these 2 clients, after receiving the packet, 
these 2 clients wait for a SIFS time slot and start to feedback the ACK or NACK, (only the 
group leader is able to send the ACK, in BLBP if the requested data packet is always wrong 
or lost after transmission and even after retransmission, the leader feedbacks nothing and the 
non-leader client feedbacks a NACK), these ACK and NACK are transmitted by fixed 
transmitted power at the transmitter: 0.1w. Then the feedback packets go through the channel 
model which will be described below and finally reach the AP. The user can modify the 
distance between the client and the AP in order to modify the data RSS. 

The feedback receiver or AP stays in the Searching statues in order to detect the signals 
which come from the channel. If the RSS or power is larger than the threshold (CSThresh_: 
6.31e-12w), then the receiver or in the case the AP will change its state from Searching to 
PreRXing, which means it will start to detect the preamble of the incoming packet. The 
receiver stays in this period for the time duration of preamble and signal portion of the PLCP 
header. After this step, receiver moves into the step of RXing. Another threshold SINR ratio 
(5dB, 3.1623 multiples) determines whether receiver will continue or not the current packet 
handling, if current threshold is below the ratio, the receiver quits the RXing and goes back to 
Searching states. 

If during the period of PreRXing state, there is another packet which arrives, if this 
packet has sufficient RSS to prevent the proper preamble and PLCP header reception of the 
current under work packet, the receiver will turn back to the Searching period. If this later 
coming packet has sufficient large strength (SINR larger than the SINR preamble capture: 5 
dB, 3.1623 multiples), then it may make the receiver drop the current under working packet 
and start to detect the preamble of itself.  

Once the ACK is transmitted, the transmitted power at the sender PT is fixed at 0.1w, 
this power will decrease while the packet goes through the free space wireless channel model 
[16]. In order to get the packet power at the receiver end PR with the distance r to the sender, 
at first the Friis model is used:  

0 0
( ) ( ) ( ) ( ) ( )r T r T pP dB P dB G dB G dB L dB= + + −  (1) 

Assuming the system simulates 100000 transmitted packets, their average power at the 
reference distance r  will be P . G  stands for the power gain of receiver antennas (at the 
reference distance r ) and GT stands for the power gain of transmitter antennas. The path 
loss is:  
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2 24 4( ) ( )p
r frL
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π π
λ
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it depends on the radius of the service area which is r = r  in this case, and the transmission 
carrier frequency: f. Then the media path loss model is used: 

00
0 0

( ) ( ) ( ) 10 log( ) ( ) 10 log( )R T r
r rP dB P dB dB n P dB n
r r

β= − − ⋅ = − ⋅  (2) 

PT dB β dB  is the power at r , which is P  in formula 1. Since the power at r  is 
already calculated: P  in the formula of Friis, then it can get the result PR from this formula 
at the location which is defined by the user. 

The other factor which will affect the packet power is Rayleigh fading model. This 
model will make the powers of incoming packets follow the exponential distribution, which 
means, assuming the system simulates 100000 packets, they will respectively have different 
powers which follow the exponential distribution. So based on the P  which is from formula 
(2), it can calculate and get respective different powers on each packet in this 100000 
samples. 

Since the topic is the BLBP protocol, the feedback packets ACK and NACK will both go 
through the model that is described above. However, since the home wireless LAN has the 
effect radius which is normally tens of meters, so in the extreme case the maximum path 
delay is set as 100m. It will have the maximum delay between the same round ACK and 
NACK as: 100m/speed of light = 3.33e-7s. In NS-2 simulation, it assumed that the maximum 
delay between same round ACK and NACK is 2e-6s. The duration of preamble is: 
 

 

Figure 55: Time duration of preamble 
 
For 20MHz channel spacing, the transmission time be needed is shown as the figure 55 does, 
the preamble needs 16e-6s, the following RATE (signal portion of header) needs 4e-6s. This 
means, after this 16e-6s+4e-6s, the preamble capture is over, even the later coming packet has 
sufficient signal strength, as long as it arrives the receiver later than 16e-6s+4e-6s, it cannot 
be captured. 
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Short training sequence 
10 0.8 8 sμ× =  

Long training sequence 
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Table 4: BLBP performance when leader is 10m away from AP 
 

The successful jamming probability (probability of unsuccessful Capture Effect on ACK) 
decreases with the growth of distance from non-leader client to AP, which is clear since the 
longer the distance is, the smaller the average packet power is. The result is shown by the 
figure 56 below, when the average powers of ACK and NACK are equal, the successful 
jamming probability is around 76%, when the average packet power of NACK has gain of 
more than 5dB, the jamming probability stays higher than 90%. 
 

 
Figure 56: Jamming probability when leader is 10m away from AP 

 
The distance from leader client to the AP is changed into 15m and 20m, and the distance 

from non-leader client to the AP changes as the simulation did before. The tendency of 
jamming probability is the same as before. When the distance from non-leader to AP is 10m, 
the number of simulation samples is over 1000, at this moment the power gain of NACK 
packet is over 5dB comparing with ACK packet power. The probability of feedback jamming 
is over 90%. 
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Table 5: BLBP performance when leader is 15m away from AP 

 

 
Table 6: BLBP performance when leader is 20m away from AP 

 

 
Figure 57: Jamming probability when leader is 15m away from AP 
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Figure 58: Jamming probability when leader is 20m away from AP 

     
 The results show a clear view about how the Capture Effect affects the simulation result 
of feedback packet jamming. With the increase of the average packets power, the probability 
of successfully capturing incoming ACK packet decreases. The ACK packet cannot be 
successfully captured since the NACK packet power gain is less than -10dB. The probability 
of jamming increases steadily with the growth of NACK power gain.  
 

10.3 Comparison with MATLAB 

The comparison results between NS-2 and MATLAB results, in MATLAB the PER or 
the jamming probability reaches highest level when the power of NACK packet is larger than 
0dB and even if the later arriving packet has power gain of -5dB, it still can cause the 
feedback packet jamming with very high probability. 

Why does it need more power gain on NACK packet in order to make the jamming have 
high probability in the simulation of NS-2? There are several reasons. In NS-2, the 802.11a 
physical layer is actually not implemented, all the results are calculated by formulas [26], The 
error rate after BPSK modulation scheme, FEC scheme is calculated by theoretical BPSK 
error rate calculation formula BER   1/2 erfc√ E_s/N_0  , E_s/N_0 is the SINR, and 
Viterbi decoding union bound on the final decoding error probability. 

P
1
k b · P  

k  is the numerator of the rate r = k /n , d  is the free distance of the convolutional code, 
b  is the total number of non-zero information bits on all weight-d paths in the trellis 
diagram of the convolutional code, P  is the probability that an incorrect path at distance d 
from the correct path is chosen by the Viterbi decoder.  
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Ρ is the BER for the modulation scheme which is selected before, in this case it is the BPSK 
BER which is calculated above. The system monitors the power of each packet, then 
calculates the SINR in this round and sends this into the corresponding formulas to get the 
final result of error rate. This is quite different from MATLAB, actually MATLAB 
implements nearly all the parts which are needed in IEEE 802.11a PHY layer.  

The NS-2 simulation does not have the synchronization model issue which happens in 
MATLAB simulation. As it has been discussed before, in MATLAB the different 
synchronization model settings can make the results of packet jamming and Capture Effect 
different, the synchronization issue can make the system reach the error rate highest level 
earlier than no synchronization since once synchronization fails the whole packet is wrong 
and the BER is 1. In NS-2, the synchronization model is not actually realized, since all the 
physical layer is implemented by the error rate calculation algorithm. The synchronization 
model is not considered in the simulation model. 

The simulation channels in NS-2 and MATLAB are different (AWGN and Rician are in 
MATLAB). In MATLAB, because of Rician channel and the light of sight path, the receiver 
that receives the packets always has nearly the same value of power in one round, which 
means the average power of received packets equals each signal received packet’s power (in 
the extreme case, if the Rician channel light of sight path gain is always set as 0dB, then it 
makes every transmitted packet’s power equal every received packet’s power). However, in 
NS-2 the simulation packets’ average power is different from every packet power. There are 
many packets that have powers differ a lot from the average power (Rayleigh channel here 
makes the packets powers follow the exponential distribution). So the power difference 
between packets can make the result of jamming different (for example, in NS-2, if the 
average power is set as 1watt, then 10000 packets are sent, there must be a certain amount of 
packets which have higher or lower power than 1watt, after simulation, these packets can 
make the result jitter. In MATLAB, if the average power is set as 1watt, then after Rician 
channel path power fading and Automatic Gain Control, all the packets have the same value 
which fades from 1watt to a certain value, then if 1000 testing packets are sent, there will be 
no packets which have the received power differs a lot from the average value). 

MATLAB focus on the physical layer implementation while NS-2 spends more energy 
on the higher level such as MAC layer. The NS-2 makes the receiver switch receiving 
different packets or Capture Effect depends on the protocol configuration, which means the 
Capture Effect happens all depends on the definition of Capture Effect threshold (SINR larger 
than the SINR preamble capture: 5 dB, 3.1623 in this case). While in MATLAB, the 
Capture Effect is totally a natural phenomenon, it does not change according to the 
configuration of system, it happens when the natural conditions are fulfilled.  
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11. Conclusion 

  
In order to study the leader based protocol and the other relative protocols, the research 

has been made on the feedback jamming which is the foundation of these protocols’ 
realization. One key factor which can affect the feedback collision performance is the Capture 
Effect. The IEEE 802.11a PHY layer scenario in MATLAB has been built up, it simulated the 
feedback collision probability under different circumstances and compared with the BLBP 
simulation on NS-2. 
 From what it has shown, the Capture Effect can affect the performance of packet 
jamming. Once the Capture Effect happens, it can prohibit packet jamming. There are several 
factors which can affect the Capture Effect: the power difference between jamming packets, 
arriving time delay between jamming packets, some mechanism configurations such as 
synchronization model parameters in MATLAB and NS-2.  
 The most dominating factor is the power difference. As it has been simulated, in the 
feedback jamming when there are different power gains the probability of jamming and the 
effect of Capture Effect change. It has been shown that the feedback packet collision begins 
when the NACK packet has the power gain less than -5dB (compare with the power of ACK 
packet), the feedback packet collision can successfully happen when the NACK has power 
gain more than 0dB. When the power of NACK grows larger and larger, Capture Effect of 
NACK successfully happens which means the NACK can be successfully received by the 
receiver. This can happen when the NACK power difference is more than 10dB (it also 
depends on the synchronization model and time delay).  
 The relative arriving time delay between ACK and NACK packet is also an important 
factor. When the delay is within the Guard Interval (which is 0.8e-6s), then the feedback 
jamming successfully happens when the NACK packet power gain comparing with ACK 
packet power is around -2dB, Capture Effect of NACK starts when the NACK packet power 
gain comparing with ACK packet power is more than 2dB both in AWGN and Rician 
wireless fading channel, and successful happens (capture the packet with no errors) when the 
power gain is over 5dB. If the time delay is longer than the Guard Interval, then the power 
difference which is needed to achieve packet jamming is lower than before, -5dB is enough. 
The Capture Effect needs more than 10dB to successfully happen. And these values can also 
changes with different synchronization model configurations. 
 The results above are under the assumption that the ACK power is fixed and the power 
of NACK is changed. Equally, the same result can be obtained when the power gain of ACK 
packet increases during the simulation while the power of NACK packet is fixed in order to 
switch from capture NACK to capture ACK. 
 The synchronization model in IEEE 802.11a has been discussed in past chapters, and it 
is found from the simulation that the different configurations in synchronization model can 
affect the result of probability of feedback jamming. The most significant factor is the 
threshold of peaks while the correlation calculation is working. Different threshold values can 
cause different peak detection results, which causes different synchronization results. Making 
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the threshold strict and making threshold loose both have their own advantages and 
disadvantages. The strict and loose selection of threshold value can cause 3 to 4dB difference 
on the requirement of power gain in order to realize Capture Effect.  
 The content coherence of the packets is also a factor. Different degrees of similarity 
between different jamming packets can cause different bit error rates. However, the result of 
packet error rate  is stable as long as these jamming packets have different contents, which 
means the jamming packets with the same contents should be disused since this may cause 
the packet jamming or collision failure.  

Bases on the results, the selection of the leader in a broadcast or multicast group which 
uses LBP or other relative protocol can be derived. Normally, a home wireless networks does 
not have very complex environment, the longer the distance between receiver and transmitter 
is, the more power decrease the transmitted packet can has. The first rule of selecting leaders 
that can be declared as: the feedback packets which are sent by the leader should always be 
the one which can be the easiest to interfere and destroyed by the other client. In other words, 
the ACK packet from leader should have the lowest received signal strength (RSS) at the 
receiver (AP) end. In order to achieve this, the system can select the client that has the 
furthest distance to the receiver in the simple case (assuming all the clients have the same 
transmission power, the longer the distance, the more fading the packet goes through). If the 
system can modify the transmission power of the client, it can make the leader have a relative 
lower transmission power as long as it can be sure that the power is enough to make the 
packet successfully reach receiver through the wireless channel without others’ NACK 
interference and it can easily be destroyed by the others’ NACK interference.  
 Due to the MATLAB simulation results, the feedback packet jamming can 100% occur 
when the NACK power gain is 0dB regardless of the time delay and all the other elements, 
which means the NACK and ACK have the same RSS. One possible solution of selecting 
leader can be making the leader at least as far as the worst non-leader (if more than one client 
is in this group, make the leader at least as far as the furthest client) and the successful packet 
jamming probability can reach 100%. 
 The Capture Effect can affect the performance of LBP feedback jamming, once the 
NACK packet has enough power, and it makes receiver switch to receive NACK. For LBP 
class protocols the developer could make the receiver in the system to be able to recognize 
ACK packet only. When the Capture Effect happens, and the receiver successfully receives 
one NACK packet, it cannot recognize it, and make the retransmission afterwards. 
 If the Capture Effect happens in the system where the receiver can recognize more than 
just one packet, the problem arises. For instance, if client A is receiving packet from one 
specific packet transmitter (could be another client or AP), in this environment there is 
another client B that may have this client A in its own transmission domain, it cannot realize 
that it cause interference on A when B transmits data. If the interference is high enough, from 
what the simulations, if the power of the packet which is transmitted by B but reaches at A is 
higher than 5 or 7dB maximum, client A may start to receive the data packet from client B 
which is not the packet it wishes. 
 Due to the Capture Effect on the NACK packets, another solution of selecting leader can 
also be considered as follows. Instead of avoiding Capture Effect of ACK and make packet 
collision happen with high probability, the system can also chose to always capture NACK 
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packets, which also make the data packet sender retransmit with high probability. In this case, 
the leader in the multicast group should be selected as the farthest one from data packet 
sender and also the one has the distance to the nearest non-leader client as more than 10m due 
to results from MATLAB and NS-2, since normally the NACK packet from this non-leader 
client now has the power gain which is 10dB comparing with the ACK packet power from the 
leader. The 10dB can make the probability of Capture Effect on NACK packet in preamble 
capture scenario reach more than 90% (NS-2) and 100% (MATLAB) no matter how long the 
time delay between the ACK and NACK packets is (as long as time delay still within the 
duration of PLCP preamble).  
 Capture Effect can be beneficial when the signal with stronger power is the signal which 
is required by the receiver. However, if the unwanted signal has stronger power, problem 
happens. It is crucial and should be paid enough attention to especially when the system 
utilizes the packet jamming as to realize functions, such as feedback packet jamming in LBP. 
It requires developers and researchers take more cautions when they utilize the wireless 
telecommunication to transmit data.  
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Appendix  

Table of Content on the CD 
 
This thesis contains simulation results from MATLAB and NS-2, NS-2 is open source and 
can be got from internet such as: http://www.isi.edu/nsnam/ns/ns-build.html, hereby the 
packet jamming and Capture Effect source code of MATLAB is provided on the CD, which 
consist of the following directories and files: 
 

1. Documentatations: 
 

 Master thesis in .PDF 
It is the same version of the thesis which is on paper. 

 Declarations: 
2 declarations are contained in order to declare that the version in CD is the 
same as it on paper, and the author agrees to publish the thesis.via the 
department of computer science of Saarland University. 
 
 
 

2. MATLAB source code: 
 

 The MATLAB source code which is used in order to generate the results which 
are shown in chapter 6:“Simple Capture Effect Experience” is contained in 
folder “simple_ce_simulation”. 

 The MATLAB source code which is used in order to generate the results which 
are used in chapter 9: “Capture Effect Simulation” is contained in the folder 
“lbp_jamming_ce_simulation”. 

 
 




