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 Home networking, an emerging technology, has gained much attention 

due to the fact that it uses power lines for data transmission. Power line networks have 

very extensive infrastructure in nearly every building. A Tone Allocated Multiple Access 

(TAMA) protocol, which uses Carrier Sense Multiple Access with Collision Avoidance 

(CSMA/CA), is considered. 

 Segmentation and reassembly (SAR) process of the TAMA protocol 

rejects an initial segment if there is any insufficient buffer space due to prior incomplete 

transmission at the receiver end. The SAR process issues a FAIL (or a resource busy) 

signal to the sender asking for retransmission. An attempt is made in this thesis to find 

the optimal number of reassembly buffers required at the receiver side and also to reduce 
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the number of FAILS in the network by increasing the number of buffers at the receiver 

end. Three buffer allocation schemes, allocation based on first come first serve (FCFS), 

allocation based on source address and allocation based on priority, are considered. 

Throughput analysis for various kinds of traffic has also been carried out. Results show 

that there is a considerable increase in the throughput and decrease in the number of 

FAILS with increase in the number of buffers.
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CHAPTER 1 
INTRODUCTION 

 

“It was technologically feasible, but the economics never proved (itself)” [1]. 

 
 The prospect of homes where the refrigerator can be used to surf the Internet is 

coming closer [2], because major computer and electronics manufacturers are coming up 

with a common standard for turning a home’s electrical wiring into a data network. Home 

networking may be one of the most exciting markets that doesn’t yet really exist. All that 

the homeowners need is a technology that provides a connection to the broadband pipe 

from anywhere in the home with minimal inconvenience. Until now, the options for high-

speed in-home access were phone line and RF technologies. One option that people never 

thought about earlier is using a power line for this purpose. Power line certainly is the 

most difficult medium of these, but it has two appealing attributes. First, as in the case of 

phone lines, no RF conversion hardware is needed, so the cost can be low as compared to 

wireless solutions. Second, power line network has a very extensive infrastructure in 

almost every house.  

1.1 Power Lines 

 Since power lines were originally devised for transmission of power at 50-60Hz 

and at most 400 Hz, the use of the same medium for data transmission posed a lot of 

technical problems. 
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 Power line medium is a harsh environment for communication especially because 

of the large attenuation. A channel between any two nodes (outlets) in a home has the 

transfer function of an extremely complicated transmission line network. Amplitude and 

phase response in such a network will vary widely with frequency. At some frequencies, 

the transmitted signal may arrive at receiver with relatively little loss, while at other 

frequencies it is way below the noise floor. In addition, much worse things like change of 

transfer function might occur with time. This might happen, say, whenever the house 

owner has plugged in a new device into the power line, or may be during switching 

power supplies or motors. Also the nature of channel between outlet pairs may vary over 

a wide range. One other problem is interference.  

Power lines connect the power generation station to a variety of customers 

dispersed over a wide region. Power transmission is done using varying voltage levels 

and power line cables. Depending on the voltage levels at which they transfer power lines 

can be categorized as follows: 

1. High-tension lines; 

2.  Medium-tension power lines; 

3. Low-tension lines. 

High-tension lines connect electricity generation stations to distribution stations. 

The voltage levels on these lines are usually on the order of hundreds of kilovolts and 

they run over distances in the order of tens of kilometers. 
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Medium-tension lines connect distribution stations to pole mounted transformers. 

The voltage levels are on the order of a few kilovolts and distances of the order of few 

kilometers. 

Low-tension lines connect pole-mounted transformers to individual households. 

Voltage levels on these are on the order of few hundred volts and these run over distances 

on the order of few hundred meters. 

Recently data communications over low-tension lines has gained a lot of 

attention. Digital devices using these low-tension power lines can be categorized, based 

on the bandwidth they use, as follows [3]: 

1. Low bandwidth digital devices 

2. High bandwidth digital devices. 

1.1.1 Low Bandwidth Digital Devices 

These devices use carrier frequencies in the range 0-500KHz and are primarily 

used for building automation. Frequencies used by these devices are restricted by the 

regulatory agencies. The restrictions are imposed to ensure the harmonious coexistence of 

various electromagnetic devices in the same environment. The frequency restrictions are 

imposed in two main markets, North America and Europe. These are shown in Figure 1.1 

[3]. The Federal Committee Commission (FCC) and European Committee for 

Elcetrotechnical Standardization (CENELEC) govern regulatory rules in North America 

and Europe respectively. 

In North America a frequency band from 0 to 500 KHz can be used for power line 

communications. The Frequency band in Europe is further divided into five bands based 

on the rules. 

1. 3 – 9 KHz frequency band; 
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2. 9 – 95 KHz frequency band;  

3. 125 – 140 KHz frequency band;  

4. 125 – 140 KHz frequency band;  

5. 140 – 148.5 KHz frequency band.  

 

 

 

 

 

 

 

 

 

 

Figure 1.1. FCC and CENELEC frequency band allocation 

The use of frequency band from 3KHz to 9KHz is limited to energy providers; 

however, with their permission it may also be used by other parties inside a consumer’s 

premises. 

The use of frequency band from 9KHZ to 95KHZ is limited to energy providers 

and their concession-holders. This frequency band is often referred to as the “A-Band”. 

The use of frequency band from 125KHz to 140KHZ is limited to the energy 

provider’s customers; no access protocol is defined for this frequency band. This 

frequency band is often called the “B-Band”. 

 
       FCC General Use 
        Frequency Band 

 
       FCC Prohibited  
        Frequency Band 

0 540 KHz

(a) FCC Frequency Band Allocation for North America 
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(b) CENELEC Frequency Band Allocation for Europe 



 

 

5

The use of frequency band from 125KHz to 140KHz is limited to the energy 

provider’s customers. In order to make simultaneous operation of several systems within 

this frequency band possible, a carrier sense multiple access protocol using center 

frequency of 132.5 KHz was defined. This frequency band is referred to as the “C-Band”. 

The use of frequency band from 140KHz to 148.5 KHz is limited to the energy 

provider’s customers. No access-protocol is defined for this frequency band. This 

frequency band is often referred to as the “D-Band”. 

Thus in Europe power line communications is restricted to operate in the 

frequency range 95 – 148.5 KHz. The various protocols that have been developed for use 

by low bandwidth digital devices for communication on power lines are discussed in the 

next chapter. 

 

1.1.2 High Bandwidth Digital Devices 

High-speed data communications over low-tension power lines has recently 

gained lot of attention. These devices use existing power line infrastructure within the 

apartment, office or school building for providing a local area network (LAN) to 

interconnect various digital devices. High bandwidth digital devices for communication 

on power lines use the frequency band between 1 MHz and 30 MHz. In contrast to low 

bandwidth devices, no regulatory standards have been developed for this region of the 

spectrum. 

High bandwidth digital devices communicating on power lines need powerful 

error correction coding along with appropriate modulation techniques to overcome these 

impairments. 
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1.2 TAMA Protocol Overview 

High bandwidth digital devices operating on power line share a common medium. 

Efficient use of this medium requires both a robust physical layer (PHY) and an efficient 

media access control (MAC) protocol. Also the choice of a MAC protocol is very much 

dependant on the physical layer. The MAC controls the sharing of the medium, while 

PHY specifies the modulation, coding, and basic packet formats.  

PowerPacket technology, by Intellon Corporation, Ocala includes an effective and 

reliable method for achieving high rates on typical channels [2]. The PowerPacket PHY 

uses orthogonal frequency division multiplexing (OFDM) as the basic transmission 

technique. For historical reasons this protocol is called the Tone Allocated Multiple 

Access (TAMA) protocol. The name reflects the use of adaptive bit loading in OFDM 

symbols. In contrast to these technologies, however, TAMA uses OFDM in a burst mode 

rather than in continuous mode. This technology also uses concatenated Viterbi and 

Reed- Solomon FEC with interleaving for payload data, and turbo product coding (TPC) 

for sensitive control data fields [4]. TAMA MAC is modeled after the IEEE 802.11 MAC 

adapted to the OFDM PHY layer.  TAMA uses CSMA/CA (Carrier Sense Multiple 

Access with Collision Avoidance)[5] technique as the basic channel access mechanism.  

1.3 Buffers 

Buffers are often used to improve throughput and reduce loss of data. Buffers may 

be dedicated or shared; dedicated buffer management is straightforward but its utilization 

is low whereas shared buffer offers higher buffer utilization at the cost of complex 

management. Dedicated buffers especially input-buffers are affected by head-of-line 

blocking, a phenomenon that occurs quite literally when the head of the buffer queue is 
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blocked. Shared buffers suffer from buffer hogging in case of non-uniform traffic. The 

combination of traffic patterns and buffer allocation mechanisms are numerous and many 

studies have been conducted on them. 

1.4 Thesis Motivation 

Unfortunately, while offering good throughput, this protocol suffers from large 

delays. This gain turns out to be a potential problem in power line LANs as they should 

be able to support a large varieties of traffic out of which some may be delay sensitive. 

As of now, the way this protocol works is that the destination always acknowledges 

unicast packets at the MAC layer by transmitting the response delimiter. TAMA protocol 

sends the rest of the segments only if it gets the ACK for the first segment. If the source 

fails to receive an acknowledgment, it assumes that a collision has caused the failure. The 

destination may also choose to signal FAIL if it has insufficient resources to process the 

frame, or it can signal NACK to indicate that the packet was received with errors that 

could not be corrected by the FEC. 

         The basic TAMA protocol described above has just one buffer at the 

receiver end. Due to this reason some packets arriving at the same destination at the same 

time are sent a FAIL (or a resource busy) signal and therefore resulting in some 

retransmissions. Retransmissions bring down the data throughput and do not guarantee 

timely delivery of multimedia traffic. This means that if we increase the number of 

buffers at the receiver end then there should be a definite increase in the throughput and 

considerable reduction in number of retransmissions. This is our main area of study in 

this thesis. 
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1.5 Thesis Objective 

This thesis aims to maximize the throughput considering buffer allocation at the 

destination. The analysis was focused on finding the optimal number of buffers required 

at the destination node in TAMA protocol. Three buffer allocation schemes were 

considered, allocation based on FCFS (first come first serve), allocation based on priority 

and allocation based on source. Also preemption in the buffer, removing partly received 

packet of a lower priority when no buffer resources are available for the currently 

received higher priority packet, was considered and variation in the throughput was 

observed. The change in throughput when a buffer is reserved for high priority traffic (for 

example, VOIP) was noted. 

1.6 Chapter Summary 

 This chapter discussed power line communications. Problems, like extreme noise 

levels, interference, unpredictability of the channel etc, faced when a power-line is used 

as a medium of transmission was discussed in brief. In US the frequency band from 0 to 

500KHz can be used for power line communications.  

This chapter also gave a brief intro on the protocol used in this thesis, the TAMA 

protocol. TAMA PHY uses OFDM as the basic transmission technique and TAMA MAC 

uses CSMA/CA as the basic channel access mechanism. An intro to the prior work done 

in the field of buffer management was given in this chapter. This chapter also described 

the nature of work done in this thesis the motivation behind them. 

Chapter 2 describes the prior work done in both power line communications and 

the area of buffer management. Chapter 3 gives a detailed description of OFDM 

modulation used in TAMA protocol and protocol it self. Chapter 4 discusses the details 
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of the simulation and all the different scenarios that were considered. A detailed 

discussion of the results collected and analysis of these results is given in chapter 5 and 

finally the conclusions and future scope are presented in chapter 6. 
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CHAPTER 2 
 POWER LINE PROTOCOLS AND BUFFER MANAGEMENT 

In this chapter we give a brief description of previous work done in power line 

communications and also in the area of buffer management.  

2.1 History 

Even though the concept of using power lines for data transmission is very recent, 

there have been several studies and attempts to develop protocols or come up with a 

common standard for home networking as a whole. Some of them are discussed in brief 

in the next sub-section. 

 

2.1.1 Other Power Line Protocols 

Various other protocols have been developed, even before PowerPacket 

technology, for communication on power lines. These protocols differ in the modulation 

technique, channel access mechanism and frequency band they use. Various products 

based on these protocols are available in the market and are mainly used for home 

automation purposes. A brief overview of these protocols is presented here. 

2.1.1.1 X-10 

The X-10 technology is one of the oldest power line communication protocols. 

Although it was originally unidirectional (from controller to controlled modules), 

recently some bi-directional products have been implemented. X-10 controllers send their 

signals over the power lines to simple receivers that are used mainly to control lightning 
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and other appliances. Some controllers available today implement gateways between 

power line and other medium such as RF and infrared. 

A 120 KHz amplitude modulated carrier, 0.5 watt signal, is superimposed into AC 

power line at zero crossings to minimize the noise interference. Information is coded by 

way of bursts of high frequency signals. To increase the reliability, one bit of information 

is transmitted per cycle, limiting the transmission rate to 60 bits per second. This 

represents poor bandwidth utilization while the reliability of transmission is severely 

compromised in a noisy environment. These are the main reasons why this technology is 

considered unreliable by many installers. 

2.1.1.2 CEBus 

CEBus is an industry standard for transmitting control signals via a home's power 

lines. CEBus uses spread spectrum frequency-hopping technology to overcome noise and 

other communication impediments found within power lines. Spread-spectrum signaling 

works by spreading a transmitted signal over a range of frequencies, rather than using a 

single frequency. CEBus-compliant devices such as light switches are highly reliable but 

remain expensive compared with "ordinary" devices. 

 This technology uses a peer-to-peer communication model. To avoid 

collisions, a Carrier Sensed Multiple Access with Collision Resolution and Collision 

Detection (CSMA/CRCD) is used. The power line physical layer of the CEBus 

communication is based on the spread spectrum technology patented by Intellon 

Corporation. Unlike traditional spread spectrum techniques (that used frequency hopping 

or time hopping or direct sequence), the CEBus power line carrier sweeps through a 

range of frequencies as its transmitted. A single sweep covers the frequency band from 

10-400 KHz. This frequency sweep is called a chirp. Chirps are used for synchronization, 
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collision resolution and data transmission. Using this chirp technology a data rate of 

about 10 Kbps can be obtained.  

2.1.1.3 LonWorks 

LonWorks is a technology developed by Echelon Corporation and provides a 

peer-to-peer communication protocol, implemented using Carrier Sensed Multiple 

Access (CSMA) technique. Unlike CEBus, LonWorks uses a narrowband spread 

spectrum modulation technique using the frequency band from 125 KHz to 140 KHz. It 

uses a multi-bit correlator intended to preserve data in the presence of noise with a 

patented impulse noise cancellation. 

All the above-mentioned protocols deal with low-bandwidth digital devices and 

hence provide low data rate. These are essentially used for home automation. High data 

rates, required by modern applications, can only be achieved using higher frequencies. 

The next section deals with the prior work done in the area buffer management. 

2.1.2 Buffer Management 

A certain policy of buffer allocation - a process that determines how the total 

buffer space (memory) will be used when queuing of packets needs to be done as and 

when required. The selection and implementation of this policy is usually referred to as 

the buffer management [6]. 

Lot of study has been done in the area of buffers; observing buffer utilization in a 

network or calculating the optimum size of a buffer or evaluating the performance of a 

network when buffering is included, etc. 

An exact model to evaluate the performance of Multi-state Interconnection 

Networks using shared internal buffering is proposed by Saleh and Atiquzzaman [7]. The 

model is based on a general output distribution and simulation based results have been 
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collected for uniform, hot and favorite distribution. Favorite output has been found to 

have less impact on throughput than hot spot distribution. Buffer occupancy too, for hot 

spot, has been found to reach total capacity for low input loads and rate of hot occupancy 

has been found to increase in a non-linear fashion, as favorite value increases the rate of 

occupancy increases linearly. 

Saleh and Atiquzzaman have also analyzed the effect of having one hot spot on 

shared buffer strategies [8]. It was found that though the throughput of the hot output 

increases as hot spot value increases the overall throughput decreases because of the 

monopolizing effect of the hot spot traffic. The advantage of shared buffer scheme; which 

is better buffer utilization, is negated by the fact that hot spot traffic hogs buffer space 

affecting cold spot throughput. For such a traffic output buffering, i.e. dedicated buffer 

allocation based on destination is better. 

Zhou and Attiquzzaman have proposed a model for output-buffered nodes under 

non-uniform traffic, which provides more accurate results than the other models because 

it considers blocking [9]. The model can also be used for uniform traffic as a special case. 

The results are also validated with simulation. This model is compared to a model that 

does not consider blocking and it is shown that this model provides more accurate results. 

The effect of buffer size on throughput is also studied. Under uniform traffic an increase 

in buffer size results in throughput increasing from a minimum to an asymptotic value. 

Under hot spot traffic the asymptotic value reached is not as high as in uniform traffic. It 

was also found that increasing buffer size beyond a certain value ceased to affect the 

throughput, that threshold was found and use for further simulation.  
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Output-buffered strategy is studied by Zhou and Atiquzzaman [10]. They consider 

finite output-buffered models under non-uniform traffic. The various buffer strategies 

such as input-based, output-based, shared are characterized here and references to 

research done in these fields are also indicated. 

Buffer sharing can be done in various ways [6]. 

1. Complete Partitioning and Complete Sharing – 

In the complete partitioning (CP) scheme, the entire buffer space is 

permanently partitioned among the total number of servers present. This 

scheme does not actually provide any sharing. 

At the other extreme is complete sharing (CS) scheme, where all 

buffer space is shared among all incoming data regardless of source and 

destination. Here an arriving packet is accepted if any space is available in 

the switch memory, independent of the server to which the packet is 

directed. 

Under the CP policy buffer allocated to a port is wasted if that port 

is inactive, since it cannot be used by other possibly active links. On the 

other hand, under CS policy one of th eports may monopolize most of the 

storage space if it is highly utilized [11]. 

2. Sharing with Maximum Queue Lengths (SMXQ) – 

After observing the undesirable behavior of the two extreme 

policies of CS and CP and to obtain maximum efficiency of buffer 

sharing, but also to avoid the possible monopolization of the buffer 

space by one heavily loaded link, a “restricted buffer sharing” with a 



 

 

15

limit on the maximum number of spaces that can be taken up for any 

destination was proposed by Irland [12]. 

3. Sharing with Minimum Allocation (SMA) and Sharing with a 

Maximum Queue and minimum allocation (SMQMA) – 

In “Analysis of Shared Finite Storage in a Computer Network 

Node Environment under General Traffic Conditions” [13] two other 

policies: SMA and SMQMA are proposed. In SMA minimum number of 

spaces is allocated for each destination is reserved. SMQMA is the 

integration of SMA and SMXQ; each destination always has access to a 

minimum allocated space, but they cannot have arbitrarily long queues.  

4. Complete sharing with push out from the longest queue. 

Approach (4) is analyzed in “Analytical Modeling of Shared Buffer ATM 

Switches with Hot-Spot Push-out under Bursty Traffic” [14]. Shared buffering is best in 

terms of buffer utilization and loss of data because of the maximum degree of buffer 

sharing, however it’s performance degrades under non-uniform traffic. Hot spot traffic, 

which is a particular kind of non-uniform traffic, is analyzed in this paper under the Hot-

Spot Push out scheme where packets directed towards hot spots that are making unfair 

use of the buffer sharing scheme are purged. This approach is shown to be consistently 

better than other schemes. 

The majority of the analyses in the literature involves connectionless networks, 

and remains within packet-level performance issues. Later most of the work done in the 

area of buffer analysis was done for high speed switching in ATM. There the usage of 

buffers in the switching elements was crucial for high throughput. Usage of additional 
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buffers in the receiver end was essentially to improve Traffic Management in ATM 

networks. The central issue here is buffer allocation and efficient utilization for obtaining 

high throughput. This is our area of study.  

2.2 Comparative Summary 

The basic TAMA protocol has just one buffer at the receiver end.  Due to this 

reason some senders transmitting packets to the same destination at the same time are 

sent a FAIL (or a resource busy) signal, thus resulting in a retransmission procedure. 

Retransmissions bring down the data throughput and do not guarantee timely delivery of 

multimedia traffic. 

This thesis proposes to solve some of the problems by changing the existing 

TAMA protocol. Doing some buffer management at the receiver end in the TAMA 

protocol brings about these changes. They are: introduce multiple buffers at the receiver 

end and introduce preemption in the buffers. We expect to reduce the number of FAILS 

issued by increasing the reception buffers. However, the number of reassembly buffers 

should be small to minimize the buffer management problems and chip cost.  

All of the work presented so far is based on FIFO queues at the output ports or 

destinations. No one approach is good for all the traffic patterns. This thesis will show 

that development of a buffer management policy that works together with a desired 

service discipline would result in more efficient allocation of the two critical network 

resources, buffer space and bandwidth. It is also known that there is no prior work done 

in “buffer management” in power lines.  

The situation in the TAMA protocol is a bit different from the above-discussed 

cases because of the reassembly process considered here. The receiver end of this 
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protocol receives a packet as a series of segments (because of the segmentation process at 

the transmitter end). As soon as the destination receives the first segment of any packet, it 

assigns a buffer, if one is available. The rest of the segments belonging to the same 

packet are assigned the same buffer in order for the reassembly to be done.  Only after the 

last segment of the packet is received is it possible to free that buffer or accept packets 

from any other source.  

This thesis considers two buffer allocation schemes; allocation based on source 

and allocation based on priority in addition to the baseline First Come First Serve (FCFS) 

policy. Each of these schemes takes care that all the segments that belong to the same 

packet are allocated the same buffer so that they are reassembled properly. 

Allocation based on FCFS is considered as a base line case. Here a buffer is 

allocated to the segment that first arrives at the receiver. Source based allocation allocates 

a buffer to a segment depending on source address, which means that for achieving 

maximum throughput, number of reassembly buffers at the receiver end should be equal 

to the total number of senders in the network. Similarly in case of priority-based 

allocation maximum throughput should be achieved when the number of buffers per 

destination is equal to the number of priorities.  

An attempt is being done in this thesis to find the optimal number of buffers 

required to maximize the throughput by keeping the number of FAILs to a minimum 

value. It also examines the effect of preemption on throughput. 

2.3 Chapter Summary 

 This chapter discussed in detail work done in power line communications. Here 

we had discussed about some protocols developed for low bandwidth digital devices like 



 

 

18

X-10, CEBus and LonWorks. These protocols are essentially used for home automation. 

Research done in the area of buffer management was discussed in detail. Various 

buffering schemes have been summarized in the previous section.

Much detailed description of the protocol is given in the next chapter. 
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CHAPTER 3  
OFDM AND TAMA PROTOCOL 

In this chapter we will discuss in detail the modulation used by TAMA PHY, 

OFDM (orthogonal frequency division multiplexing), and the protocol itself. TAMA 

stands for Tone Allocated Multiple Access, name retained for historical reasons. 

3.1 OFDM Modulation 

The choice of modulation depends on the nature of the physical medium on which 

it has to operate. Any modulation scheme selected for use on a power line should be able 

to do the following [15]. 

1. Overcome non-linear channel characteristics.  

2. Overcome multi-path spread.  

3. Adjust dynamically. 

4. Mask certain frequencies.  

Power lines generally have non-linear characteristics. This makes equalization 

very complex and expensive for data rates above 10 Mbps with single carrier modulation. 

Impedance mismatch on power lines result in echo signal causing delay spread of 

the order of 1ms. The modulation technique used for power lines should have the 

inherent ability to overcome this multi-path effect. 

Power line channel characteristics change dynamically as power supply varies. 

The modulation technique for use on power lines should have the ability to track such 

changes without involving large overhead or complexity. 
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Power line communications equipment uses an unlicensed frequency band. 

However, it is likely that in the near future various regulatory rules might be developed 

for these frequency bands too. So we should be able to mask certain frequency bands. 

A modulation scheme with all of the above desirable properties is Orthogonal 

Frequency Division Multiplexing (OFDM). OFDM is generally viewed as a collection of 

transmission techniques.  

OFDM is currently used in the European Digital Audio Broadcast (DAB) 

standards. In addition, several DAB systems proposed for North America are based on 

OFDM [16]. 

3.1.1 Theory of Operation 

OFDM divides the high-speed data stream to be transmitted into multiple parallel 

bit streams, each of which has a relatively low bit rate. Each bit stream then modulates 

one of a series of closely spaced carriers. To obtain high spectral efficiency, the 

frequency response of the sub-carriers are overlapping and orthogonal, hence the name 

OFDM. The practical consequence of orthogonality is that, if we perform a Fast Fourier 

transform (FFT) of the received waveform over a time span equal to the bit rate on an 

individual carrier, the value of each point in the FFT output would be a function only of 

the bit (or bits) that modulated the corresponding carrier, and is not impacted by the data 

modulating any other carrier. Each narrowband sub-carrier can be modulated using 

various other modulation formats like BPSK, QPSK and QAM.  

When the carrier spacing is low enough for the channel response to be relatively 

constant across the band occupied by the carrier, channel equalization becomes easy. The 

need for equalization is completely eliminated by using differential modulation. 

Differential modulation improves performance in an environment where rapid changes in 
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phase are possible [4]. Implemented in the frequency domain, equalization can be 

achieved by a simple weighting of the symbol recovered from each carrier by a complex 

valued constant.  A schematic block diagram is shown in Figure 3.1. 

 

 

 

 

 

Figure 3.1. Block diagram of OFDM System [15] 

OFDM modulation is generated using a Fast Fourier Transform (FFT) process as 

mentioned above. M bits of data are encoded in the frequency domain onto N sub-carriers 

(M = N B where B is the number of bits per modulation symbol, e.g., B=2 for QPSK). An 

inverse FFT (IFFT) is performed on the set of frequency carriers producing a single time 

domain OFDM “symbol” for transmission over a communication channel. The length of 

time for the OFDM symbol is equal to the reciprocal of the sub-carrier spacing and is 

generally compared to the data rate. Simply copying the last part of the time domain 

waveform and pre-pending it at the start of the waveform inserts a cycle prefix. The 

reasons for use of cyclic prefix are twofold. It makes the Inter Carrier Interference (ICI) 

zero even in the presence of time dispersion, by maintaining orthogonality. It also acts 

like a guard interval removing Inter Symbol Interference (ISI). 

Removing the cyclic prefix from the time domain signal and then performing an 

FFT on each symbol to convert the frequency domain demodulates OFDM signals. Data 

is decoded by examining the phase and amplitude of the sub-carriers. 
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3.1.2 Advantages of OFDM 

OFDM is a modulation scheme that has all the desirable properties. Some 

advantages of OFDM include that it 

1. is very good at mitigating the effects of time- dispersion; 

2. is very good at mitigating the effects of in-band narrowband interference; 

3. has high bandwidth efficiency; 

4. is scalable to high data rates; 

5. is flexible and can be made adaptive (different modulation schemes for sub-

carriers bit loading, adaptable bandwidth/data rates are possible); 

6. has excellent ICI performance; 

7. does not require channel equalization; 

8. does not require phase lock of the local oscillators. 

In spite of all the advantages and in spite of the feature of OFDM being able to 

eliminate ISI and ICI, there remains the problem of fading, caused by multi-path 

reflection. Fading occurs when the reflected signal arrives such that it attenuates or even 

cancels the original signal. This usually occurs only at certain frequencies. It can be 

overcome by using interleaving and error correction coding techniques. For a complete 

discussion on OFDM refer to OFDM wireless Multimedia Communications [17]. 

3.2 Protocol Overview 

High bandwidth digital devices operating on power lines share a common 

medium. Efficient use of this medium requires both a robust physical layer (PHY) and an 

efficient medium access control (MAC) protocol. Also, the choice of a MAC protocol is 

very much dependant on the physical layer. The MAC controls the sharing the 
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communication medium, while PHY specifies the modulation, coding, and basic packet 

formats. 

The TAMA PHY uses orthogonal frequency division multiplexing (OFDM) as the 

basic transmission technique. Many different MAC protocols have been used in various 

LANs. However, the choice of MAC protocol is dependant on how the PHY layer works. 

Consider the IEEE 802.3 Ethernet MAC protocol that uses Carrier Sense Multiple Access 

with Collision Detection (CSMA/CD). It cannot be used in power lines because the large 

dynamic range of signals and noise makes collision detection highly unreliable. A 

collision on power lines can be inferred only if the sender fails to receive an 

acknowledgment. High attenuation on the power line medium could also lead to a 

problem of hidden nodes. This problem of hidden nodes is dealt with in IEEE 802.11 

MAC protocol for wireless LANs by using Carrier Sensed Multiple Access with 

Collision Avoidance (CSMA/CA). Even though this protocol gives good throughput, it 

suffers from large delays.  

3.2.1 PHY Overview 

The need for equalization in TAMA is completely eliminated by using differential 

quadrature phase shift keying (DQPSK) modulation where the data is encoded as the 

difference in phase between the present and previous symbol in time on the same sub-

carrier (see figure 3.2). Differential modulation improves performance in environments 

where rapid changes in phase are possible.  
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Figure 3.2. Differential phase encoding across symbols  

 

The TAMA PHY occupies the band from about 4.5 to 21 MHz. The PHY 

includes reduced transmitter power spectral density in the amateur radio bands to 

minimize the risk of radiated energy from the power lines interfering with these systems. 

The raw bit rate using DQPSK modulation with all carriers active is 20 Mbps.  

The bit rate delivered to the MAC by the PHY layer is about 14 Mbps. PHY 

packet structure consists of a preamble sequence followed by a TPC encoded frame 

control field. The preamble sequence is chosen to provide good correlation properties so 

that each receiver can reliably detect the delimiter, even with substantial interference and 

a lack of knowledge of the transfer function that exists between the receiver and the 

transmitter interference. 

The frame control contains MAC layer management information (for example, 

packet lengths and response status). All three delimiter types have the same structure, but 

the data carried in the delimiter varies depending on the delimiter function. 
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Unlike the delimiters, the payload portion of the packet is intended only for the 

destination receiver. Payload data are carried only on a set of carriers that have been 

previously agreed upon by the transmitter and intended receiver during a channel 

adaptation procedure (whence “Tone Allocation”).  

Since only carriers in the "good" part of the channel transfer function are used, it 

is not necessary to use such heavy error correcting coding as is required for transmissions 

intended for all receivers. This combination of channel adaptation and lightening of the 

coding for unicast payloads allows TAMA to achieve high data rates over power line. 

The adaptation has three degrees of freedom: 

1. de-selection of carriers at badly impaired frequencies; 

2. selection of modulation on individual carriers (DBPSK or DQPSK); 

3. selection of convolutional code rate (1/2 or 3/4). 

In addition to these options, the payload can be sent using ROBO mode: a highly 

robust mode that uses all carriers with DBPSK modulation and executes heavy error 

correcting code with bit repetition and interleaving on each of them. ROBO mode does 

not use carrier de-selection and thus can generally be received by any receiver. The mode 

is used for initial communication between devices that have not performed channel 

adaptation, for multicast transmission, or for unicast transmission in cases where the 

channel is so poor that ROBO mode provides greater throughput than de-selection of 

carriers with lighter coding.  
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Figure 3.3. TAMA Protocol transmission format 

With relatively short packets, the overhead required for channel assessment and 

estimation of gain and of carrier phase creates a capacity penalty that more than offsets 

any potential gain from the modulation efficiency. 

Formed from a series of OFDM symbols, the TAMA data-bearing packet consists 

of a start-of-frame delimiter, a payload, and an end-of-frame delimiter (see Figure 3.3). A 

PPDU is a collection of OFDM symbols, which contains SYNC, Header and Data fields. 

SYNC field is used to indicate the start of the packet. It basically contains a known group 

of OFDM symbols. Header field contains some relevant physical layer information, for 

example, the PPDU type, modulation scheme used etc. Data field contains a part of 

TAMA segment. We also assume that the data field is either a 20 or a 40-symbol packet. 
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Acknowledgment contains only SYNC and Header fields. Each PPDU is followed by an 

acknowledgment. For unicast transmissions, the destination station responds by 

transmitting a response delimiter indicating the status of the reception (ACK, NACK, or 

FAIL). 

Reception of an ACK or a positive acknowledgement is considered a success and 

the next segment in the queue is transmitted whereas, a NACK indicates a negative 

acknowledgement and the same segment is retransmitted after a back-off procedure. This 

process of retransmission is carried until the retransmission limits, i.e., 16 before the 

packet is totally dropped or before the transmission is considered a failure. 

On the other hand a FAIL is a resource busy signal, which indicates that the 

receiver has all its resources busy. In this case the sender has to wait for 20milliseconds 

and then undergo the back-off  procedure before retransmission. 

3.2.2 MAC Overview 

MAC uses a virtual carrier sense (VCS) mechanism and contention resolution to 

minimize the number of collisions. Upon receipt of a preamble, the receiver attempts to 

recover the frame control.  

The frame control indicates whether the delimiter is a start of frame, end of frame, 

or response delimiter. Start-of-frame delimiters specify the duration of the payload to 

follow, while the other delimiters implicitly define where the end of transmission lies. 

Thus, if a receiver can decode the frame control in the delimiter, it can determine the 

duration for which the channel will be occupied by this transmission, and it sets its VCS 

until this time ends.  
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If it cannot decode the frame control, the receiver must assume that a maximum-

length packet is being transmitted and must set the VCS accordingly. In this case it may 

subsequently receive an end-of-frame delimiter and thus be able to correct its VCS. 

The destination always acknowledges unicast packets at the MAC layer by 

transmitting the response delimiter. If the source fails to receive an acknowledgment, it 

assumes that a collision has caused the failure. The destination may also choose to signal 

FAIL if it has insufficient resources to process the frame, or it can signal NACK to 

indicate that the packet was received with errors that could not be corrected by the FEC. 

3.2.2.1 Channel access mechanism 

Medium sharing in TAMA protocol is accomplished by the Carrier Sense 

Multiple Access with Collision Avoidance (CSMA/CA) mechanism with priorities and a 

random back-off time following the busy conditions on the channel. TAMA protocol 

allows prioritized channel access with low probability of collision and minimum 

throughput. Each node that has one or more TAMA segments to send will contend for the 

channel if the channel is busy. Note that the cost of collisions is very high. The 

contention resolution protocol includes a random back-off algorithm to disperse the 

transmission times of frames queued (or being retransmitted due to collision) while the 

channel has been busy, and also provides a way to ensure that clients obtain access to the 

channel in the order of their priorities. 

3.2.2.1.1 Basic access procedure 

If the channel has been idle for X msec after the last transmission, where X is the 

channel access period, data is sent directly without participating in any kind of collision 
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resolution. The channel access mechanism used by TAMA is shown in Figure 3.5. If the 

medium has been busy then a two-step process is followed for channel access. 

 

 

 

 

Figure 3.5. Basic Access procedure 

The first step involves signaling the intention to contend at a particular priority. 

After this step, a contending node will defer if it senses a higher priority node 

transmitting. The second step involves the actual process of contention. A priority 

resolution symbol is transmitted in the priority resolution slots. Priority level encoding in 

bits is shown in Figure 3.4. 

 

 

 

  

 

Figure 3.4. Priority level encoding in priority bits. 
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The signals for this purpose use on/off keying and are designed so the priority of 

the highest priority user can be easily extracted, even when multiple users signal different 

priorities at the same time. During the priority resolution period the highest priority of the 

data waiting to be sent is identified and only the stations having data of this priority 

contend. Each of these stations generates a random backoff  time according to the value 

of its local backoff timer. Backoff procedure is also invoked when the transmitter 

retransmits due to the lack of ACK. 

A station will not transmit in the remaining PRS or the contention window if a 

PRS symbol detected. The stations that had indicated their intention to contend in the 

PRS and were not preempted by any higher priority then compete for access in the 

contention window according to the backoff procedure. Also, PRS symbols will not be 

transmitted if the End of frame or Response Delimiter has its contention bit set and the 

priority to be signaled is equal to or less than that of preceding frame.  

3.2.2.1.2 Slot choices 

Nodes with queued frames having priority equal to the highest priority signaled 

choose a slot in a contention resolution window in which they will initiate transmission, 

if no other node begins transmission in an earlier slot. Each node chooses its slot at 

random over an interval that grows with increasing numbers of unsuccessful attempts to 

access the channel. If a node were preempted in a previous contention resolution window, 

it continues counting slots from where it left off rather than choosing a new random 

value. This approach improves the fairness of the access scheme.  

Collisions can occur if a node wishing to transmit fails to recognize a preamble 

from another node, or if the earliest chosen slot in the contention resolution window is 
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selected by more than one node. The preamble design is robust enough to ensure that the 

missed preamble rate is so low that this source of collisions has only a minor impact, 

leaving the latter cause to produce the majority of collisions.  

3.2.2.1.3 Channel adaptation  

Channel adaptation occurs when clients first join a logical network, and 

occasionally thereafter, based either on a timeout or on a detected variation in the channel 

transfer function (which might be either an improving or degrading condition evidenced 

by a reduction or an increase in errors or signal strength). Any node can initiate a channel 

adaptation session with any other node in its logical network. The adaptation is a bi-

directional process that causes either node to specify to the other - the tone map, i.e., the 

set of tones, modulation, and FEC coding to use in subsequent payload transmissions. 

3.2.2.2 Segmentation and reassembly 

Segmentation and reassembly is provided to improve fairness and reliability, and 

to reduce latency. The MAC also includes features that allow the transmission of multiple 

segments with minimal delay in cases where there are no higher priority frames queued 

with other nodes, and it provides a capability for contentionless access in which access to 

the channel may be passed from node to node. Under this protocol each packet arriving 

from the higher layer is divided into multiple segments for transmission on the physical 

layer. Segment size depends on the data rate between the transmitter and the receiver. 

Also there is a maximum channel occupancy time for each node. 
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 Segmentation has two advantages. 

1. Segmentation improves the chances of frame delivery over harsh 

channels because it reduces the cost of collision or cost of errors as 

acknowledgment is done for each segment. 

2. It contributes to better latency characteristics for all stations because it 

puts a limit on the maximum amount of time a node can keep the 

channel busy. This is especially important for meeting real time quality 

of service requirements. 

Each TAMA segment has a header field which contains information like segment 

count, number of segments, etc. Each TAMA segment is transmitted over the physical 

medium by one or more physical protocol data units (PPDUs). This is necessary since the 

TAMA MAC PDU must be able to encapsulate an entire IEEE 802.3 PDU (150 bytes), 

but a TAMA PDU can hold a payload of at most 40 OFDM symbols.  

 
 
 
 
 
 
 
 
 
 
 
 
 

 

Figure 3.6. TAMA segmentation process 
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A common misconception is that contention-based access schemes have 

potentially unbounded latency. In the TAMA protocol, latency is bounded by the 

overhead of discarding packets that cannot be delivered in the time required by the 

application. It has been shown [18] that the percentage of TAMA packets discarded 

through this approach is low enough to be tolerated by low latency applications such as 

Voice over IP (VoIP) or streaming media. The combination of this feature and priority 

classes makes TAMA well suited to applications requiring QoS. 

3.2.2.3 Privacy 

Privacy is provided through the use of 56-bit data encryption standard (DES) 

applied at the MAC layer. All nodes on a given logical network share a common 

encryption key. The key management system includes features that enable the 

distribution of keys to nodes that lack an I/O capability. 

3.3 Summary 

 Efficient use of a medium requires both a robust PHY and an efficient MAC. 

Choice of a particular modulation depends on the physical medium on which it has to 

operate. OFDM modulation is a good choice for power line data transmission due to 

various advantages it offers over other schemes like, high bandwidth efficiency, 

scalability to high data rates, flexibility, etc. Moreover, it eliminates the problems of Inter 

Carrier Interference and Inter Symbol Interference. 

 TAMA PHY uses OFDM as the basic transmission technique. Formed from a 

series of OFDM symbols, the TAMA data-bearing packet consists of a start-of-frame 

delimiter, a payload, and an end-of-frame delimiter. Start-of-frame consists of a SYNC. 

SYNC field is used to indicate the start of the packet. It basically contains a known group 
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of OFDM symbols. Header field contains some relevant physical layer information, for 

example, the PPDU type, modulation scheme used etc. Data field contains a part of 

TAMA segment. Different modes of encoding the payload in PHY were also discussed. 

Channel access mechanism, TAMA MAC, uses CSMA/CA. It uses a VCS 

mechanism for career sensing followed by a contention resolution process to minimize 

the number of collisions including two PRS slots to permit four priority levels to be 

encoded. TAMA MAC protocol allows prioritized channel access with low probability of 

collision and minimum throughput. Each node that has one or more TAMA segments to 

send will contend for the channel if the channel is busy. The contention resolution 

protocol includes a random back-off algorithm to disperse the transmission times of 

frames queued (or being retransmitted due to collision) while the channel has been busy, 

and also provides a way to ensure that clients obtain access to the channel in the order of 

their priorities. 

TAMA MAC also implements segmentation and reassembly process used to 

improve the fairness and reliability and to reduce latency of transmission of MAC. Each 

packet arriving from the higher layer is divided into multiple segments for transmission 

on the physical layer. Segment size depends on the data rate between the transmitter and 

the receiver. Also there is a maximum channel occupancy time for each node. 

 In the next chapter we discuss the simulation design, simulator, various traffic 

conditions and network parameters that are considered. 
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CHAPTER 4 
SIMULATION DESIGN AND DESCRIPTION 

This chapter explains the simulation design and implementation of the basic 

TAMA protocol, multiple buffer protocol and preemption protocol. The designs include 

the basic simulator design, design of the receiver of any node with multiple buffers and 

different variations, like buffer allocation based on source or priority, introducing 

preemption and reserving a buffer for high priority traffic. Detailed description of the 

parameters used, their values and assumptions made during the simulation will be 

discussed here.  

4.1 Design 

Simulation is one of the ways in which a system can be modeled. It can be more 

accurate and typically has fewer assumptions than analytical modeling. We use an event- 

based simulation technique for modeling the TAMA protocol and its variants. 

4.1.1 Basic Simulator Design 

In an event-based simulation the execution of a main loop represents a single 

event. The simulation time clock simply advances to the event time after the last event. 

Events are processed serially, even if they have the same event time. 
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The pseudocode for the main loop is presented below: 

 

Initialize all nodes in the network; 

Populate event queue to initialize events; 

Current time = 0; 

While (current time < simulation time) 

{ 

 remove next event from the head of the event queue; 

 handle the event removed from the queue; 

 insert event(s) resulting from current event in the event queue.  

 update statistics; 

} 

Compute final statistics; 

 

Simulator operation overview: 
 

Any event could cause the simulation to change its state and/or cause new events 

to occur. Every node maintains an event queue that determines which event is to be 

scheduled next. Once an event is scheduled, the other events are rearranged. 

 The general structure of a node is as shown in Figure 4.1  

Higher layer traffic is modeled by different traffic sources, generating packets, 

with selectable packet arrival time and packet size. Packets generated are stored in the 

prioritized packet queue. Packets in the queue are transmitted to their respective 

destinations by the MAC process. Successful or unsuccessful transmission will result in 
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MAC process removing one more packet form the queue. Packet transmission and 

reception between various nodes is achieved by a series of MAC and PHY interactions at 

each node. A separate event queue is maintained at MAC and PHY to store the events 

generated. Each node maintains a list of transmission events in a buffer. 
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Figure 4.1. Node Structure 
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• Device Driver Queue 

The DDQ is a prioritized queue and has the capacity to store certain 

number of packets. Packets generated by the higher layers are stored in 

this queue. 

• MAC 

MAC maintains an event queue and also has a single buffer to store 

packets. MAC process extracts one packet at a time from the Device 

Driver queue for transmission over the medium. 

• PHY 

PHY also maintains an event queue of it’s own and has a single buffer. 

A simulation mimics a stochastic process in time so that the outputs of the 

simulation are themselves random variables [19]. This is a disadvantage if we want to 

make a statement about the behavior of any case based on just one single observation of 

the simulation. Thus we need to make repeated runs with the different starting values for 

the variables (including the seed for the pseudorandom number generator e.g., rand() – as 

is also srand() which are used in our simulation of this protocol). This protocol is 

implemented in C. 

 

4.1.2 Multiple Buffer Protocol 

In this section we describe the Multiple Buffer protocol proposed to improve the 

performance of the basic protocol. The operation will still be the same as before except 
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that now the receiver can receive from more than one source at the same time. The packet 

transmission and retransmission algorithm will remain the same. So now, the maximum 

sustainable load is a function of the number of reception (or destination) buffers at each 

node. It increases as the number of buffers increases. 

Initially the node can accept segments from any node. When a valid header 

segment comes along the destination node accepts this segment and assigns a buffer. This 

buffer allocation can be done in many ways. In this analysis we consider one baseline 

case – buffer allocation based on First Come First Serve (FCFS) and two dedicated buffer 

allocation schemes, allocation based on source address and buffer allocation based on 

priority. 

4.1.2.1 Based on FCFS 

FCFS based buffer allocation is the simplest. An available buffer is allocated 

based on the arrival time of a packet. When a valid header segment arrives, receiver 

checks if there is a buffer already allocated for this packet. If a buffer is not already 

assigned then it assigns a buffer, if there are any available. Otherwise, receiver sends a 

FAIL. 

4.1.2.2 Based on source 

Here, buffers are allocated based on the source address. When a valid header 

segment arrives a buffer is assigned unless the source already has a buffer assigned to it 

or all buffers are in use. Subsequent segments from a source already assigned a buffer are 

inserted into that buffer for reassembly. However, no source is assigned more than one 

buffer. This way a single receiver can now receive from more than one source at the same 

time and still not send a resource busy signal (FAIL). 
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4.1.2.3 Based on priority 

 In priority-based buffer allocation, a buffer is allocated based on the priority of 

the arriving packet. When a valid header segment of a priority arrives, a FAIL is returned 

if that particular priority buffer is in use. Otherwise, the priority buffer is assigned to this 

packet and it is accepted, if a buffer is available. Each receiver may simultaneously 

receive one packet at each priority level.  

In both the cases buffer allocation is done only if the receiver has a free buffer 

else a busy signal is sent. There may be fewer buffers than possible sources or priority 

levels. A buffer is not freed until all the segments of that particular packet have been 

received successfully. Whenever a segment is retransmitted too many times, or a segment 

is lost, or the source node itself drops a segment for whatever reason, then the receiver 

buffer will still be waiting for the next segment before it can free the buffer. Hence the 

receiver has a timer running on each buffer if the timer expires for a buffer, the receiver 

automatically frees that buffer. 

4.1.2.4 Preemptive Approach 

In the preemptive version of each of the disciplines above, when allocating 

buffers preemption based on priority is possible. If all of the buffers are occupied and the 

first segment of a new packet arrives with higher priority, the receiver preempts the lower 

priority packet and allocates the buffer to the new packet. Otherwise it sends a FAIL.  

Reserve a High Priority Buffer 

Here, every destination has one of its buffers reserved for high priority packets, 

i.e., there is a dedicated buffer at every destination for a high priority packet. There is not 

much change in the design other than reserving a buffer. The packet transmission process 

and responses sent still remain the same. 
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4.2 Simulation Model 

 The model of the TAMA protocol simulates N nodes each transmitting data 

according to the TAMA protocol.  

4.2.1 Assumptions 

Some assumptions that were made during this analysis are listed below 

• The network is considered to be busy always, i.e., the network is always saturated 

so that the exact behavior of the network under worst-case traffic conditions can 

be studied. 

• Noise at every node is –20.0dB and signal to noise ratio between nodes is 0. This 

is done so that we will not have a case where we lose a response due to noise in 

the channel. Moreover this will help us get an accurate understanding of the 

reduction in the number of FAILs due to the introduction of multiple buffers. 

The first assumption was made to get an accurate reflection of the network 

behavior in worst-case conditions. Even though a worst-case condition of the network is 

not a common real time scenario, it gives an idea as to how bad a network could perform 

given certain conditions. 

4.2.2 Simulation Configuration 

 The simulated configuration is specified by the parameters shown below. Some of 

these values are input to the simulation through a high-level trace file (supporting traffic 

generators).  

• Number of nodes = variable, however maximum number of nodes is 20 

• Simulation duration = 75sec (each run) 
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• Number of runs = 4 

• Number of traffic sources = variable, should be less than the number of nodes in 

that particular scenario. 

• Maximum number of buffers = 19  

• Priorities used = 1,2 & 3, i.e., low, medium and high priorities respectively. 

Traffic of priority 2 and 3 is isochronous and priority traffic of priority1 is 

asynchronous nodes. 

• Size of low priority packet =16450 bytes; this size fills to eight segments. The 

number of segments a packet can be divided into depends on the modulation used 

by the TAMA protocol. 

• Size of medium and high priority packet = 1500 bytes; this value depends on the 

type of modulation used and also the code rate. This causes the TAMA layer to 

send this packet in a single segment. 

• Traffic generation: 

Low priority packets are generated exponentially (Poisson model) and 

medium and high priority packets are generated in periodic intervals. 

Exponential inter arrival time = 500 µsec. 

Isochronous periodic interval = 20000 µsec. 

The simulation model that was developed used all the above-specified values for 

traffic generation. Modulation used in this simulation was QPSK3/4. Also the number 

of asynchronous nodes in a network was varied and behavior studied. However, the 

detailed analysis was done for the case when the number of asynchronous nodes in 

the network equals two. 
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Traffic Models: 
 

In order to simulate a real-time scenario, at any given time we have two 

asynchronous nodes for any N, where N is the total number of nodes in the network. The 

main point of this analysis is to see the effect of introducing multiple buffers at the 

receiver end on the performance and the throughput when VOIP traffic is present. Thus 

our scenarios are divided mainly into three cases. 

Case (i): Uniform destination 

Here we have traffic generated from one node uniformly distributed over all other 

nodes in the network. 

Case (ii): Multimedia traffic 

Here, instead of having every node generate traffic to all the other nodes in the 

network with equal probability, we have one isochronous node and one asynchronous 

node send all the packets to the same destination. This is done to simulate a real time 

multimedia environment, where a person is listening to radio on Internet and at the same 

time is also transferring some files.  

Case (iii): Hot Spots 

Here a hot receiver was modeled.  In this case different fractions of non-

uniformity were considered. Fractions considered were 50, 70, 80 and 90. These fractions 

decide the percentage of the total packets to be distributed non-uniformly. For example, 

in case of a fraction of 50, 50% of the total packets generated in the network are directed 

to a single destination. 
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Uniform destination case simulates a balanced traffic flow in a network and case 

(ii) and case (iii) simulate a non-balanced traffic flow in a network.  

 

4.3 Performance Measures 

 The simulation program measures the performance of the basic TAMA 

protocol, with or without buffering capabilities or preemption. Performance is measured 

in terms of average transmission delay, number of FAILs and throughput. 

Network throughput is defined as the mean number of bits successfully 

transferred through the channel per unit time. This throughput just considers the total 

number of bits transmitted across the network. This does not include the rejected or FAIL 

packets. Its units are megabits per second. 

Throughput = (TotalBytesTx * 8)/ SimTime*1E6, 

 where SimTime is the total simulation time measured in seconds. 

Transmission delay of a voice/data packet is defined as the time interval between 

the formation of the packet and its arrival time at the destination. The transmission delay 

is measured as the difference of Net delay and Queuing delay. It is measured in this 

simulation as the time when MAC gets the packet from the device driver queue until all 

the segments are successfully sent.  

 Other output parameters like number of FAILs, voice throughput (multimedia 

scenario case) for all the above-discussed cases are analyzed.  

Also some supporting results like probability of collision and mean contention 

resolution slots required either by an asynchronous or an isochronous node are observed.  
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4.4 Summary 

Chapter 4 discussed the basic simulation design. In this event based 

simulation model the higher layer traffic is modeled by different traffic sources, 

generating packets, with selectable packet arrival time and packet size. Packets generated 

are stored in the prioritized packet queue. Packets in the queue are transmitted to their 

respective destinations by the MAC process. Successful or unsuccessful transmission will 

result in MAC process removing one more packet form the queue. A separate event 

queue is maintained at MAC and PHY to store the events generated. Each node maintains 

a list of transmission events in a buffer. 

Different variations or changes to be done to the protocol in each of the buffer 

allocation schemes, based on FCFS, based on source and priority. 

Assumptions made and different design strategies to simulate a real-time case 

were also discussed here. Design strategies include different traffic models considered; 

general traffic scenario, multimedia scenario and hotspot cases, number of isochronous 

and asynchronous nodes in a network, modulation used etc.  

 Finally the parameters to be considered for performance analysis like throughput, 

number of FAILs, mean contention resolution slots, probability of collision, etc. 

 The next chapter gives the simulation results.  
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CHAPTER 5 
RESULTS AND DISCUSSION 

In this chapter, we analyze the results obtained from the simulation of the TAMA 

protocol with multiple buffers and different allocation schemes. For analysis both 

balanced and non-balanced traffic flows were considered. The General traffic scenario 

simulates a balanced traffic flow in a network and non- balanced traffic flow is simulated 

by the Multimedia scenario and different Hotspot (non-uniform traffic) cases. The 

simulation measures throughput, number of FAILs issued, mean contention resolution 

slots (mean CR slots), and probability of collision, for different cases of the simulations. 

Results were analyzed using graphs plotted between various network parameters 

discussed in section 4.2.2. 

5.1 Results 

In a network of maximum N nodes, variation in the throughput is observed by 

gradually increasing the number of buffers from 1 to N-1 for N = 2,5,7,9,11,13,15 and 20. 

This was done for every traffic case mentioned in section 4.22. However, for the 

discussion of hotspot scenarios, the analysis was based on one case (5 nodes) for the 

reasons discussed in section 5.1.3.  

 Increasing the number of buffers increased the maximum throughput. However, 

after reaching certain value, there was not much improvement in the throughput. 

Different sets of results were collected for all the necessary cases. The set of results 

considered for our discussion include the simulations that were run for duration of  75 
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seconds. Also, the number of asynchronous nodes in the network at a given time is 

varied. The number of asynchronous nodes in the network for the discussion that follows 

is equal to 2. There was an increase of at least 10% when the number of buffers was 

increased from 1 to 2. For example, the throughput for a single buffer, 5 nodes, allocation 

based on source and using the general traffic generator case, is 7.44 Mbps and that of a 2 

buffer case is found to be 8.14 Mbps. Also, difference between the total number of FAILs 

in the network decreased by at least 60 percent. In the above case of 5 nodes and 

allocation based on source the total number of FAILs in the network reduced by 93%. 

Variation of number of FAILs with number of buffers is discussed in detail under the 

section 5.1.1. 

 When we have just two nodes in the network (one transmitting and other 

receiving), then for all the sub-cases i.e., allocation based on source, allocation based on 

priority (with or without preemption), reserving a buffer for the high priority packets, 

traffic pattern being general or multimedia, the throughput achieved was found to be the 

maximum for a single buffer case and constant there onwards as expected. This can be 

considered as an ideal case because with only one sender to the receiver there is never a 

possibility of contention for reassembly buffers. 

The effect of introduction of multiple buffers on the performance of TAMA 

protocol depends on the buffer management schemes used. The following sections review 

the variation in throughput for each traffic scenario is checked for all the buffer allocation 

schemes.  

5.1.1 General Traffic Scenario 

Here the destination was chosen randomly using uniform distribution. The 

behavior of the network for all the buffer allocation schemes was observed. 
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5.1.1.1 Based on FCFS 

Buffer allocation based on first come first serve (FCFS) is taken as a baseline case 

and a detailed analysis is done only for this particular scenario. 
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Figure 5.1. Graphs showing variation of throughput with number of buffers from all the 
cases of FCFS. 
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 The numbers in the graphs can be verified from Tables A.1 and A.2 of the 

Appendix. Figure 5.1 shows how throughput varies with number of buffers for different 

cases of FCFS, with and without preemption, as labeled in the respective graphs. It can be 

seen from the graphs that there is an increase in the throughput with increase in number 

of buffers. 

 In either case, FCFS (no preemption) or FCFS with preemption, the throughput 

from the asynchronous nodes is highest for a 5 nodes case and reduces as number of 

nodes increases. This happens because as the number of nodes in the network increases 

the number of isochronous nodes increases and therefore increasing the probability of 

collision for asynchronous nodes. A reverse effect is seen in throughput from isochronous 

nodes. Throughput from the isochronous nodes increases as the number of isochronous 

nodes in the network increases. 

Also, considering graphs showing the variation of isochronous throughput, we see 

that there is not much difference in the behavior of isochronous nodes in the network 

with or without preemption in the buffers. However, there is a considerable difference in 

the throughput from the asynchronous nodes, depending on preemption, when the 

number of buffers increases from one to two because the number of retransmissions 

reduces. 

Overall throughput however is seen to increase as the number of buffers is 

increased from one to two, for both the cases, as shown in graphs. Also the throughput 

achieved in two buffer case of FCFS and FCFS with preemption is almost the same.  

5.1.1.2 Based on Source  

  Table A.3 of the Appendix gives the throughput and number of FAILs for 

asynchronous and isochronous nodes in the network. Table A.6 shows the mean  
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Figure 5.2. Variation of throughput from asynchronous nodes with buffers, based on 
source case.  
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Figure 5.3. Variation of throughput from isochronous nodes with buffers, based on source 
case.  
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Figure 5.4. Variation of total throughput with buffers, based on source case.  
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contention resolution slots and the probability of collision separately for asynchronous 

and isochronous nodes in the network. Graphs from figure 5.2 to figure 5.4 show the 

variation of throughput with the number of buffers for different cases of N.  

Graph in figure 5.2 shows how throughput (from the asynchronous nodes) varies 

with the increase in number of buffers. We see that there is an increase in the throughput 

as the number of buffers go from one to two and almost constant from then on. In case of 

five nodes there is a slight decrease in the throughput from 6.4 Mbps to 6.2 Mbps. Such 

unexpected variations are due the number of collisions suffered before a successful 

transmission. Probability of collision, as shown in Table A.6, for two buffers case is a bit 

high as compared to a single buffer case. 

There is a decrease in the throughput, in graph in figure 5.2, as the number of 

nodes increases. This is because as the number of nodes in the network increases, our 

number of asynchronous nodes being a constant, there is an increase in the number of 

isochronous nodes. As the traffic generated by isochronous nodes is either multimedia or 

VOIP traffic, it has a higher priority and can therefore gain access to the channel (by 

priority resolution process) easily. On the other hand asynchronous traffic being a low 

priority traffic has to back-off some number of times before it wins the priority resolution 

process and contends for the channel. So, as the number of isochronous nodes in the 

network increases there is a considerable decrease in the throughput of the asynchronous 

nodes. In the case of 13, 15 and 20 nodes we see that the throughput drops down to 0, i.e., 

the asynchronous nodes did not get to transmit at all due to blocking.  
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 Graph in figure 5.3 shows the variation between throughput from the isochronous 

nodes, number of buffers for different values of N (number of nodes). Here we see the 

opposite trend. As the number of nodes increases, isochronous throughput increases. It is 

also seen that there is an increase in throughput with an increase in the number of 

reassembly buffers. Here again we have the exceptional cases of 13, 15 and 20 nodes, 

where we don’t see any difference in throughput with increase in the number of 

reassembly buffers because of head-on blocking, where the high priority packets block 

the low priority packets. So only the high priority packets gain access to the channel. 

Also, the high priority packets are just one segment long and therefore do not require any 

reassembly to be done. This means that irrespective of the number of reassembly buffers, 

every segment will find a free buffer. This applies for both the allocation techniques. 

Graph in figure 5.4 shows the total throughput, which is sum of isochronous throughput 

and asynchronous throughput. 

5.1.1.3 Based on Priority 

Graphs in figure 5.5 are from buffer allocation based on priority, with and without 

preemption. Behavior of the network in either case, allocation based on source or 

allocation based on priority, is found to be the same. The transition in throughput for both 

asynchronous and isochronous nodes is totally the same.  

The variation of throughput with the number of buffers however, for allocation 

based on priority with preemption case, is slightly different as compared to the other 

schemes. There is a sudden increase in the asynchronous throughput when the number of 

buffers increases from one to two for N = 5,7,9 and 11.  This is because earlier the low 

priority packets were always preempted and all its segments were dropped (in a single  



 

 

53

Based on Priority 

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

0 1 2

# of buffers

A
sy

nc
h 

th
ro

ug
hp

ut

5 nodes

7 nodes

9 nodes

11 nodes

13 nodes

15 nodes

20 nodes

   

Based on Priority 
(with preemption)

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

0 1 2

# of buffers

A
sy

nc
h 

Th
ro

ug
hp

ut
(M

bp
s) 5 nodes

7 nodes

9 nodes

11  nodes

13 nodes

15 nodes

20 nodes

 

 

Based on Priority

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

8.00

9.00

0 1 2

# of buffers

Is
ch

 th
ro

ug
hp

ut

5 nodes

7 nodes

9 nodes

11 nodes

13 nodes

15 nodes

20 nodes

  

Based on Priority 
(with preemption)

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

8.00

0 1 2

# of buffers

Is
ch

 T
hr

ou
gh

pu
t(M

bp
s) 5 nodes

7 nodes

9 nodes

11 nodes

13 nodes

15 nodes

20 nodes

 

 

Based on Priority

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

8.00

9.00

0 1 2

# of buffers

To
ta

l t
hr

ou
gh

pu
t(M

bp
s) 5 nodes

7 nodes

9 nodes

11 nodes

13 nodes

15 nodes

20 nodes

 

Based on Priority 
 (with preemption)

0.00
1.00
2.00
3.00
4.00
5.00
6.00
7.00
8.00
9.00

0 1 2

# of buffers

To
ta

l T
hr

ou
gh

pu
t(M

bp
s) 5 nodes

7 nodes

9 nodes

11 nodes

13 nodes

15 nodes

20 nodes

 

Figure 5.5. Variation of throughput with number of buffers, based on priority - all cases. 
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buffer case). So an increase in the number of buffers basically provides these 

asynchronous nodes with a reassembly buffer, but when the number of isochronous nodes 

in the network further increases i.e., any case where n>11, blocking occurs and the 

asynchronous nodes never get to access the channel and the asynchronous throughput for 

these nodes is always 0. 

5.1.1.4 Effect on the number of  FAILs 

 A sender gets a FAIL from the receiver in two situations. First when there are no 

resources available, i.e., no buffer available for the packet that just came in and the 

second is when the resources are busy, i.e., when the buffer for that particular source or 

priority is already under use. It is seen that as the number of reassembly buffers are 

increased from one to two there is a sudden fall in the number of FAILs issued. This is 

quite obvious from Tables A.1, A.2, A.3 and A.4 irrespective of the allocation scheme  

used. Figure 5.6 shows the variation of number of FAILs with number of buffers. 
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Figure 5.6. Variation of number of FAILs with number of buffers, based on priority – 

with and without preemption. 

It is also seen that the variation in the number of FAILs is not much when we consider 

two or more number of buffers. This effect is seen because when there is just one 
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reassembly buffer, a receiver can receive from only one sender. When a new node tries to 

send to the same receiver it gets a FAIL or a resource not available signal, unlike two 

buffers case.  

 It is also seen that there is not much difference in the total number of FAILs in the 

network for a two buffer case and any ‘x’ buffer case, where x lies between 2 and N-1, 

when there are N nodes in the network. This is because at any given time there is only 

certain amount of packets that manage to reach the same destination at the same time, 

because of the way the TAMA protocol operates. So, the total number of FAILs in the 

network gets saturated at a point. This behavior is seen when the number of asynchronous 

nodes in the network is increased. However, for maximum cases we have seen here 

(where the number of asynchronous nodes is 2) the number of FAILs reduces to 0. 

   

5.1.1.5 Reserve a high priority buffer 

 It is seen that by reserving a small buffer for VOIP traffic optimal throughput can 

be achieved in a single large (low priority) buffer case itself. Results obtained by a two 

buffer case when allocation is based on priority and reserving a high priority buffer case 

are totally the same, as shown in graph in figure 5.7.  
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Figure 5.7. Comparison between a 2 buffer case and reserving a high priority buffer case 
 
 This option of reserving a high priority buffer in the TAMA protocol, along with 

multiple buffers, would be worth implementing if the size of the buffers is taken into 

consideration. If not for the size there is hardly any difference between the cases where 

we use two buffers, when allocation based on priority or a single FCFS buffer with 

another buffer reserved for high priority traffic, in the throughput or the total number of 

buffers used in a TAMA protocol with multiple buffers. 

 

5.1.2 Multimedia Scenario 

The behavior of the network is found to exactly the same as our general traffic 

scenario. The variation of the throughput with number of buffers and nodes is also found 

to be totally same. The only difference is seen in the throughput. Total throughput 

obtained in a multimedia scenario is slightly lower than the throughput obtained from the 

general traffic scenario, for all the cases. This is because there is not much difference in 

the amount of packets successfully getting across the network, between a general traffic 

scenario and a multimedia scenario, even though there is a change in the traffic that is 

being generated. This is essentially because of the way the protocol operates. 

Detailed variation of throughput with number of buffers and number of nodes are 

shown in Tables A.9, A.10 and A.11 of the Appendix.  

5.1.3 Hot Spots 

 The general behavior of the network under non-uniform traffic is no different than 

the uniform traffic case. Here the case of 5 nodes under hot spot conditions is analyzed in 

detail. Simulations were run using three different fractions of non-uniformity. First case 

we had 50% of the packets generated at every node directed towards the hot receiver. 
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Total throughput of the network reduced by 6 %, as compared to the uniform case. The 

number of FAILs issued in the network increased by 30%. 

The throughput further reduces for the remaining fractions, 70% and 90%. Similar 

sets of results were collected, when the number of asynchronous nodes in the network is 

varied. The difference in the results can be checked from the Tables A.12, A.13 and A.14 

of the Appendix. Buffer allocation based on priority showed the same kind of variation as 

in other traffic scenarios. This means that for any kind of traffic scenario, for allocation 

based on priority the optimal throughput is achieved when the number of reassembly 

buffers used is equal to two.  
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Figure 5.8. Variation of total throughput with number of buffers when number of 
asynchronous nodes in the network is 1, based on source case for hotspot scenario. 
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Figure 5.9. Variation of total throughput with number of buffers when number of 
asynchronous nodes in the network is 2, based on source case for hotspot scenario. 
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Figure 5.10. Variation of total throughput with number of buffers when number of 
asynchronous nodes in the network is 3, based on source case for hotspot scenario. 

 

However, a change was observed in the trend of variation for buffer allocation 

based on source. This can be seen from the graphs, in figures 5.8 through 5.10. When the 

number of asynchronous nodes in the network was varied, the saturation point seemed to 

change. For the cases of buffer allocation based on source and number of asynchronous 

nodes in the network is two or three, optimal throughput is obtained when the number of 

reassembly buffers used was three. 

Here it can be seen that with this kind of buffer management in TAMA protocol 

the throughput obtained, in either case of traffic conditions - uniform or non-uniform, in a 

two buffers case is optimal. This is seen across the allocation techniques.  

5.2 Comparative Summary  

All the allocation schemes discussed here showed the same behavior. Throughput 

obtained in a two buffer case is plotted against the number of nodes, for each of the 

allocation schemes. Throughput considered in the graph, in the figure 5.11, is the total 

throughput obtained from using two reassembly buffers. 
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It is clear from the graph that FCFS offers us the least throughput in either case, 

with or without preemption. Also, this allocation technique resulted in maximum number 

of FAILs.  

Between allocations based on source and allocation based on priority there is 

hardly any difference in the general traffic scenario considered. However, when we 

consider unbalanced traffic or hotspots we see that for buffer allocation based on source, 

optimal throughput is reached in a three buffer case. For the same hotspot 
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Figure 5.11. Variation of throughput with number of nodes for all the allocation schemes. 
 
 

scenario and for buffer allocation based on priority, optimal throughput is obtained in a 

two buffer case. Also, both the cases almost show the same throughput.  

 This however is not the case when there is only one asynchronous node in the 

network. When there is just one asynchronous node in the network, the variation of 

throughput with number of buffers for buffer allocation based on source is same as buffer 

allocation based on priority for a hotspot scenario. That is, we achieve optimal 

throughput in a two buffer case. At any given time, it is likely that there would be more 

than one asynchronous node in the network. 
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 For allocation based on priority we again have two cases, with and without 

preemption, almost showing the same results. A percentage difference between the cases 

is given in Graph in the figure 5.12. 

The graph in figure 5.12 gives the percentage change in throughput between 

preemptive and non-preemptive methods of buffer allocation based on priority. It is clear 

from the graph that there is not much difference between throughput when two  
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Figure 5.12: Percentage difference in throughput between preemptive and non-
preemptive methods of buffer allocation based on priority 
 
 

reassembly buffers are used by a receiver. However, throughput suffers badly in a single 

buffer case when there is preemption in reassembly buffers. This is because the 

asynchronous nodes would never get to transmit as the number of isochronous nodes in 

the network increases.  

 Selection of an allocation technique depends on the kind of traffic flowing in the 

network. If there is a lot of VOIP or streaming media traffic then using “buffer allocation 

based on priority with preemption” makes a lot of difference on the over all performance 

of the network. 
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CHAPTER 6 
CONCLUSIONS AND FUTURE WORK 

 

6.1 Conclusion 

The objective of the thesis was to maximize the throughput by introducing 

multiple buffers at the receiver side for reassembly. This report describes different 

schemes considered to manage buffer allocation in the TAMA protocol. Two main 

schemes were allocation based on source and allocation based on priority. Preemption 

was also considered. In this thesis the effect of varying the number of buffers on the 

throughput for different allocation schemes under various traffic conditions was analyzed 

as the number of nodes in the network varied. The variation of number of FAILs with 

buffers was also studied while the number of nodes in the network varied.  

Introduction of multiple buffers at the receiver side increased the overall 

throughput. The total throughput, when the number of reassembly buffers increased from 

one to two, was found to increase by at least 11% and the number of total number of 

FAILs in the network was found to be reduce by a minimum percentage of 60.  

Buffer allocation based on source and buffer allocation based on priority with or 

without preemption, showed similar kind of results under general and multimedia traffic 

conditions. The throughput increased as the number of buffers was increased from one to 

two and was constant from there on. The minimal number of buffers required for the 

network to reach its saturation point was found to be two under general and multimedia 
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scenarios for both the allocation techniques. The same transition was seen even for 

hotspot traffic conditions when allocation was based on priority. However, there was a 

slight increase in the minimal number of buffers required to obtain optimal throughput 

under hotspot traffic conditions when buffer allocation was based on source. The optimal 

throughput was obtained when the number of buffers was equal to three.  

Preemption in buffers gives more opportunities for voice stations to transmit by 

preempting a low priority packet. Depending on the Quality of Service requirements of 

the network, buffer allocation based on priority with or without preemption can be used. 

This is because the difference in throughput between preemptive and non-preemptive 

methods of based on priority allocation scheme was found to be at most 2% when it 

comes to a two buffer case. 

Reserving a buffer for voIP traffic, along with multiple buffers, at each 

destination is worth implementing only if buffer size is taken into consideration. 

Otherwise, it was same as using two at the receiver side when buffer allocation was based 

on priority.  

6.2 Future Work 

In this thesis the area of study was mostly finding the optimal number of buffers 

that are required to obtain optimal throughput. Each of the buffers used were of infinite 

size. Further research can be done in optimizing the size of each buffer. 

In the buffer allocation based on priority with preemption scheme a low priority 

packet undergoing reassembly was preempted and all its segments were dropped, when a 

high priority packet arrives. One more direction of future work would be modifying this 

allocation technique to accommodate the already received segments of the preempted 
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packet without dropping them. Segments that were already received should be stored at 

some place so that the reassembly process can be resumed as soon as the high priority 

packet gets through. Complexity involved in such a buffer management technique should 

be analyzed against the percentage increase in throughput from saving the already 

received segments of the preempted packet. 

Also the same analysis can be repeated for larger number of asynchronous sources 

and much worse channel conditions. One more interesting case would be when higher 

priority packets would need reassembly. 
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APPENDIX: 
TABLES 

 

The main sets of results used in this analysis were shown as graphs. Rest of the 

values is shown in form of tables in this appendix. 

Table A.1: Shows throughput and # (number) of FAILs for asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on FCFS” ; for a general 
traffic scenario. 

 

 

5:     1 6.278272 1.243499 7.521771 25 141 
        2 6.190464 1.740091 7.930555 0 19 
        3 6.366080 1.804688 8.17076 0 0 
7:     1 4.873344 2.353765 7.227109 26 167 
        2 4.653824 2.818059 7.471883 1 17 
        3 4.895056 2.82800 7.720356 0 0 
9:     1 3.600128 3.399435 6.999563 7 207 
        2 3.644032 4.190752 7.834784 0 11 
        3 3.731840 4.231125 7.962765 0 0 
11:    1 2.195200 4.772128 6.967328 9 168 
        2 2.414720 5.434251 7.848971 0 4 
        3 2.283008 5.442325 7.72536 0 0 
13:   1 0.000000 7.604864 7.604864 0 36 
        2 0.000000 7.518933 7.518933 0 0 
        3 0.000000 7.578011 7.578011 0 0 
15:   1 0.000000 7.035573 7.035573 0 15 
        2 0.000000 7.137616 7.137616 0 0 
        3 0.000000 7.051685 7.051685 0 0 
20:   1 0.000000 6.348128 6.348128 0 14 
        2 0.000000 6.471653 6.471653 0 0 
        3 0.000000 6.297749 6.297749 0 0 
 

 

 

Nodes: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

# of FAILs  
Asynch     Isch 
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Table A.2: Shows throughput and # (number) of of FAILs  for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on FCFS with preemption” 
; for a general traffic scenario. 
 

 
5:     1 

3.336704 1.816800 5.153504 93 0 

        2 6.278272 1.816800 8.095072 4 0 
        3 6.366080 1.816800 8.18288 0 0 
7:     1 2.019584 3.023963 5.043547 103 0 
        2 4.829440 3.023963 7.853403 7 0 
        3 4.741632 3.023963 7.765595 0 0 
9:     1 0.702464 4.235163 4.9372627 109 0 
        2 3.512320 4.239200 7.750512 7 0 
        3 3.556224 4.237893 7.794117 0 0 
11:   1 0.131712 4.929584 5.061296 79 0 
        2 2.283008 5.159712 7.44272 1 0 
        3 2.283008 5.335288 7.518296 0 0 
13:   1 0.000000 7.427632 7.427632 0 1 
        2 0.000000 7.475968 7.475968 0 0 
        3 0.000000 7.465879 7.465879 0 0 
15:   1 0.000000 7.014091 7.014091 0 0 
        2 0.000000 7.094651 7.094651 0 0 
        3 0.000000 7.084096 7.084096 0 0 
20:   1 0.000000 6.122560 6.122560 0 0 
        2 0.000000 6.133301 6.133301 0 0 
        3 0.000000 6.133232 6.133232 0 0 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Nodes: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

# of FAILs  
Asynch     Isch 
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Table A.3: Shows throughput and # (number) of FAILs  for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Source”; for a general 
traffic scenario. 
 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

5:     1 6.409984 1.279835 7.689819 13 132 
        2 6.190464 1.780464 7.970928 0 9 
        3 6.322176 1.816800 8.138976 0 0 
        4(n-1) 6.409984 1.812763 8.232747 0 0 
7:    1 4.917248 2.349728 7.267976 13 147 
       2 5.048960 2.939179 7.989139 0 20 
       3 4.741632 2.882656 7.624988 0 0 
       4 5.005056 3.019925 8.024981 0 0 
       5 4.873344 3.007813 7.881157 0 0 
       6(n-1) 5.005056 3.028000 8.033056 0 0 
9:     1 3.644032 3.403472 7.047504 7 177 
       2 3.644032 4.178640 7.822672 0 13 
       3 3.292800 3.932363 7.225163 0 0 
       4 3.687936 4.235163 7.913099 0 0 
       5 3.687936 4.239200 7.927136 0 0 
       8(n-1) 3.600128 4.182677 7.782805 0 0 
11: 1 0.658560 6.133301 6.791861 2 168 
      2 0.790272 7.105392 7.895664 0 12 
      3 0.658560 7.191323 7.839883 0 0 
      4 0.921984 7.207435 8.129419 0 0 
      5 0.965888 7.202064 8.167952 0 0 
     10(n-1) 0.658560 7.110763 7.769323 0 0 
13: 1 0.0 7.379296 7.379296 0 29 
      2 0.0 7.61235 7.610235 0 0 
      3 0.0 7.540416 7.540416 0 0 
      4 0.0 7.749872 7.749872 0 0 
      5 0.0 7.583381 7.583381 0 0 
     12(n-1) 0.0 7.572640 7.572640 0 0 
15: 1 0.0 7.030203 7.030203 0 17 
  2 0.0 7.030203 7.030203 0 0 
3 0.0 7.320219 7.320219 0 0 
4 0.0 7.083909 7.083909 0 0 
5 0.0 7.073168 7.073168 0 0 
14(n-1) 0.0 7.019461 7.019461 0 0 
20:     1 0.0 6.396464 6.396464 0 4 
2 0.0 6.315904 6.315904 0 0 
3 0.0 6.262197 6.262197 0 0 
4 0.0 6.203120 6.203120 0 0 
5 0.0 6.240715 6.240715 0 0 
19(n-1) 0.0 6.267190 6.267190 0 0 

Nodes: 
Buffers  

               Throughput (Mbps) 
Asynch         Isch    Total 

# of FAILs  
Asynch       Isch 



67 

 

Table A.4: Shows throughput and # (number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Priroity”; for a general 
traffic scenario. 
 

 

  
5:     1 6.146560 1.300021 7.446581 26 128 
        2 6.322176 1.816800 8.138976 20 0 
7:     1 4.741632 3.015888 7.757520 22 0 
        2 4.917248 3.023963 7.94121 9 0 
9:     1 3.600128 3.415584 7.015712 5 204 
        2 3.468416 4.045408 7.513824 0 0 
11:   1 0.746368 5.972181 6.718549 10 218 
        2 0.834176 7.185952 8.020128 3 0 
13:   1 0.0 7.653200 7.653200 0 18 
        2 0.0 7.513563 7.513563 0 0 
15 :  1 0.0 7.019461 7.019461 0 12 
        2 0.0 7.239659 7.239659 0 0 
20:   1 0.0 6.111819 6.111819 0 13 
        2 0.0 6.197749 6.197749 0 0 

 
Table A.5: Shows throughput and #(number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Priroity – with 
preemption” ; for a general traffic scenario. 

 
 
 
  

5:     1 3.424512 1.816800 5.241312 102 0 
        2 6.190464 1.812763 8.003227 36 0 
7:    1 2.063488 3.028000 5.091488 105 0 
       2 4.961152 3.023963 7.985115 11 0 
9:    1 1.097600 4.239200 5.336800 100 0 
       2 3.556224 4.239200 7.795425 0 0 
11:  1 0.0 7.196693 7.196693 63 0 
       2 0.702464 7.191323 7.893787 10 0 
13:  1 0.0 7.422261 7.422261 1 0 
       2 0.0 7.52965 7.52965 0 0 
15:  1 0.0 7.218176 7.218176 0 0 
      2 0.0 7.003349 7.003349 0 0 
20:  1 0.0 6.332016 6.332016 0 0 
       2 0.0 6.095707 6.095707 0 0 
 

Nodes: 
Buffers 

       Throughput (Mbps) 
Asynch       Isch    Total 

# of FAILs 
Asynch    Isch 

Nodes: 
Buffers 

       Throughput (Mbps) 
Asynch       Isch    Total 

# of FAILs 
Asynch    Isch 
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Table A.6: Shows the Mean CR (contention resolution ) slots and Probability of collision, for 
both asynch (asynchronous ) and isch (isochronous ) nodes, respectively when buffer allocation is 
“Based on source”; for a general traffic scenario. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

5:       1 3.21 3.77 0.034752 0.004608 
          2 3.3 4.17 0.021978 0.058571 
          3 3.26 3.89 0.050177 0.00000 
          4(n-1) 3.2 3.88 0.042867 0.006818 
7:       1 3.6 4.14 0.050757 0.022339 
          2 3.08 4.23 0.039858 0.035387 
          3 4.2 4.86 0.08840 0.096591 
          4 3.35 3.69 0.043592 0.041397 
          5 3.5 3.91 0.062999 0.058752 
          6(n-1) 3.3 4.05 0.061419 0.009211 
9:        1 3.79 3.66 0.066992 0.099517 
           2 3.24 4.14 0.065960 0.030584 
           3 4.50 5.18 0.104803 0.128009 
          4 3.34 4.09 0.050985 0.026490 
          5 3.37 3.84 0.054893 0.042435 
          8(n-1) 3.56 4.20 0.063981 0.045536 
11:   1 3.40 3.04 0.048387 0.103774 
        2 3.43 3.18 0.050459 0.086088 
        3 3.61 3.66 0.080808 3.082012 
        4 3.10 3.86 0.053097 0.067227 
        5 3.24 3.16 0.051383 0.062544 
       10(n-1) 2.87 2.89 0.035928 0.119174 
13:   1 2.50 2.00 0.250000 0.161791 
        2 2.00 1.97 0.0000 0.156454 
        3 3.00 2.02 0.33333 0.162194 
        4 1.50 2.17 0.00000 0.138425 
        5 0.00 2.05 0.00000 0.158428 
       12(n-1) 3.33 1.96 0.00000 0.159714 
15:     1 0.00 1.29 0.0000 0.217699 
          2 3.00 1.35 0.000 0.225444 
          3 0.00 1.33 0.0000 0.195870 
          4 1.00 1.37 0.0000 0.219397 
          5 0.00 1.41 0.0000 0.218731 
         14(n-1) 6.00 1.34 0.000 0.225711 
20:    1 1.00 0.80 0.0 0.295227 
         2 0.00 0.81 0.0 0.305195 
         3 0.00 0.85 0.0 0.312084 
         4 6.00 0.85 0.0 0.316568 
         5 1.00 0.83 0.0 0.312833 
        19(n-1) 1.00 0.85 0.0 0.308102 

Nodes: 
Buffers 

     Mean MCR slots 
Asynch           Isch

Prob of collision 
Asynch        Isch 
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Table A.7: Shows the Mean CR (contention resolution ) slots and Probability of collision, for 
both asynch (asynchronous ) and isch (isochronous ) nodes, respectively when buffer allocation is 
“Based on priority – no preemption”; for a general traffic scenario. 

 
  
 

5:    1 3.61 4.10 0.042355 0.033113 
       2 3.30 4.0 0.035386 0.002304 
7:    1 3.68 4.22 0.057710 0.052375 
       2 3.25 4.38 0.039747 0.045278 
9:    1 3.86 3.46 0.042579 0.052055 
       2 4.26 4.40 0.089151 0.091413 
11:  1 3.38 3.69 0.058824 0.074461 
       2 3.36 3.45 0.070796 0.076442 
13: 1 0.00 2.07 0.0 0.141582 
      2 2.02 1.98 0.50000 0.167461 
15: 1 4.00 1.31 0.0 0.220319 
      2 1.00 1.40 0.0 0.200829 
20: 1 3.00 0.85 0.0 0.318343 
      2 0.50 0.84 0.0 0.316538 
 
 
Table A.8: Shows the Mean CR (contention resolution ) slots and Probability of collision, for 
both asynch (asynchronous ) and isch (isochronous ) nodes, respectively when buffer allocation is 
“Based on priority – with preemption” ; for a general traffic scenario. 

 
 
 

  
5:       1 3.78 4.24 0.33563 0.32333 
          2 3.40 4.07 0.040874 0.002257 
7:       1 3.90 3.98 0.027807 0.011905 
          2 3.36 4.14 0.051709 0.014667 
9:       1 4.21 4.08 0.040639 0.039354 
          2 3.38 4.28 0.052758 0.042357 
11:     1 3.84 3.59 0.080000 0.071124 
          2 3.05 3.09 0.060748 0.089973 
13:      1 2.80 1.92 0.0 0.175909 
           2 2.13 2.02 0.0 0.160885 
15:      1 0.00 1.34 0.0 0.206143 
           2 0.00 1.39 0.0 0.226896 
20:      1 0.00 0.82 0.0 0.304425 
           2 0.00 0.82 0.0 0.328208 
 
 

 
Nodes: Buffers

     Mean MCR slots
Asynch Isch

Prob of collision  
Asynch Isch

 
Nodes:Buffers 

     Mean MCR slots
Asynch       Isch

Prob of Collision 
Asynch    Isch 
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Table A.9: Shows throughput and # (number) of FAILs  for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Source”; for 
multimedia scenario. 
 
 
 

5:     1 6.102656 1.053744 7.1564 53 189 
        2 6.278272 1.562448 7.84072 58 0 
        3 6.322176 1.816800 8.138976 0 0 
        4(n-1) 6.278272 1.816800 8.095072 0 0 
7:    1 4.697728 1.865248 6.562976 30 256 
       2 5.048960 2.826133 7.875093 0 49 
       3 5.005056 3.028000 8.033056 0 0 
       4 5.092864 3.023963 8.116824 0 0 
       5 4.961152 3.028000 7.899152 0 0 
       6(n-1) 5.092864 3.028000 8.120864 0 0 
9:     1 3.687936 2.995701 6.683637 15 278 
       2 3.687936 4.154416 7.842352 0 21 
       2 3.292800 3.980811 7.273611 0 0 
       4 3.600128 4.239200 7.839328 0 0 
        5 3.775744    4.239200 8.014944 0 0 
       8(n-1) 3.775744 4.235163 8.010907 0 0 
11: 1 2.195200 4.178640 6.37384 7 309 
      2 2.370816 5.313131 7.683947 32 0 
      3 2.239104 5.014368 7.253472 0 0 
      4 2.239104 5.438288 7.677392 0 0 
      5 2.195200 5.127413 7.3239413 0 0 
     10(n-1) 2.195200 5.283611 7.478811 0 0 
13: 1 0.0 7.239659 7.239659 0 55 
      2 0.0 7.535045 7.535045 0 0 
      3 0.0 7.706907 7.706907 0 0 
      4 0.0 7.551157 7.551157 0 0 
      5 0.0 7.620976 7.620976 0 0 
     12(n-1) 0.0 7.653200 7.653200 0 0 
15: 1 0.000 6.756299 6.756299 0 41 
     2 0.000 6.777781 6.777781 0 0 
     3 0.0000 7.137616 7.137616 0 0 
     4 0.0000 7.153728 7.153728 0 0 
     5 0.0000 7.185952 7.185952 0 0 
     14(n-1) 0.0000 7.100021 7.100021 0 0 
20: 1 0.0 6.101077 6.101077 0 22 
      2 0.0 6.187008 6.187008 0 0 
     3 0.0 6.133301 6.133301 0 0 
     4 0.0 6.165525 6.165525 0 0 
     5 0.0 6.407205 6.407205 0 0 
  19(n-1) 0.0 6.117189 6.117819 0 0 

Nodes: 
Buffers  

               Throughput (Mbps) 
Asynch  Isch     Total 

# of FAILs  
Asynch      Isch 
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Table A.10: Shows throughput and #(number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Priroity” ; for a  
multimedia scenario. 

 
 
 
 

5:    1 6.014848 1.037595 7.052443 64 193 
       2 6.058752 1.816800 7.875552 65 0 
7:    1 4.785536 1.982331 6.767867 55 259 
        2 4.873344 3.028000 7.901344 51 0 
9:     1 3.600128 3.003776 6.603904 29 316 
        2 3.600128 4.235163 7.835291 37 0 
11:   1 2.195200 4.283611 6.478811 20 288 
        2 2.151296 5.438288 7.589584 26 0 
13:   1 0.0 6.820747 6.820747 0 123 
        2 0.0 7.647829 7.647829 0 0 
15:   1 0.0 6.965755 6.965755 0 17 
        2 0.0 7.105392 7.105392 0 0 
20:   1 0.0 6.117189 6.117189 0 22 
        2 0.0 6.369611 6.369611 0 0 
 

 
Table A.11: Shows throughput and #(number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively when buffer allocation is “Based on Priroity with 
preemption”; for a multimedia scenario. 
 

 
  
  

5:     1 0.658560 1.81680 2.475360 141 0 
        2 6.014848 1.812763 7.827611 63 0 
7:     1 0.614656 3.023963 3.638619 147 0 
        2 4.390400 2.793835 7.184235 52 0 
9:     1 0.570752 3.439808 4.01056 96 0 
        2 3.380608 4.235163 7.615771 70 0 
11:    1 0.175616 5.426176 5.601792 96 0 
        2 2.063488 5.442325 7.505813 9 0 
13:    1 0.0 7.502821 7.502821 0 0 
         2 0.0 7.572640 7.572640 0 0 
15:   1 0.0 7.110763 7.110763 0 0 
        2 0.0 7.180581 7.180581 0 0 
20:   1 0.0 6.444800 6.444800 0 0 
        2 0.0 6.369611 6.369611 0 0 

 

Nodes: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

# of FAILs  
Asynch     Isch 

Nodes: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

# of FAILs  
Asynch     Isch 
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Table A.12: Shows throughput and #(number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively for different fractions of non-uniformity, for a 5 nodes 
case and when number of asynchronous nodes in the network is 1; for a hotspot scenario. 
 
 
 
      
F50: 1 5.444096 2.395317 7.839413 0 154 
2 5.400192 3.217029 8.617221 0 0 
3 5.356288 3.222400 8.578688 0 0 
4 5.312384 3.217029 8.529413 0 0 
F70: 1 5.312384 2.056905 7.369289 0 217 
2 5.400192 3.217029 8.617221 0 0 
3 5.268480 3.21169 8.480139 0 0 
4 5.356288 3.217029 8.573317 0 0 
F80:1 5.400192 1.745467 7.415659 0 275 
2 5.444096 3.217029 8.661125 0 0 
3 5.400192 3.222400 8.622592 0 0 
4 5.400192 3.222400 8.622592 0 0 
F90: 1 5.356288 1.385632 6.74192 0 341 
2 5.356288 3.222400 8.578688 0 185 
3 5.400192 3.222400 8.622592 0 0 
4 5.400192 3.217029 8.617221 0 0 
   

 
   

F50:1 5.356288 2.465136 7.821424 0 141 
2 5.356288 3.222400 8.578688 0 0 
F70:1 5.312384 1.922699 7.235083 0 213 
2 5.444096 3.222400 8.66336 0 0 
F80 :1 5.356288 1.681019 7.037307 0 277 
2 5.400192 3.222400 8.622592 0 0 
F90:1 5.356288 1.288960 6.645248 0 360 
2 5.224576 3.222400 8.446976 0 0 
 
 

     

F50:1 0.746368 3.206288 3.952656 77 0 
2 5.312384 3.222400 8.534784 0 0 
F70:1 0.219520 3.217029 3.43904 91 0 
2 5.356288 3.211659 8.567947 0 0 
F80:1 0.087808 3.222400 3.310208 97 0 
2 5.400192 3.222400 8.622592 0 0 
F90:1 0.087808 3.222400 3.310208 100 0 
2 5.400192 3.222400 8.622592 0 0 

 
 

Fraction: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

# of FAILs  
Asynch     Isch 

Buffer Allocation Based on Source 

Buffer Allocation Based on Priority 

            Buffer Allocation Based on Priority with Preemption 
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Table A.13: Shows throughput and # (number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively for different fractions of non-uniformity, for a 5 nodes case 
and when number of asynchronous nodes in the network is 2; for a hotspot scenario. 
 
 
 
 
 
 
 

F50: 1 5.707520 1.562864 7.270384 26 159 
        2 5.970944 2.207344 8.178288 0 38 
        3 5.839232 2.416800 8.256032 0 0 
        4 5.795328 2.411429 8.206757 0 0 
F70: 1 5.663616 1.353408 7.017024 61 198 
        2 5.839232 2.083819 7.923051 0 60 
        3 5.883136 2.416800 8.299936 0 0 
        4 5.970944 2.416800 8.387744 0 0 
F80: 1 5.488000 1.256736 6.744736 78 216 
        2 5.839232 1.621941 7.461173 0 147 
        3 6.014848 2.411429 8.426277 0 0 
        4 5.927040 2.411429 8.338469 0 0 
F90: 1 5.575808 1.025797 6.601605 90 258 
        2 6.014848 1.423227 7.447118 0 185 
        3 5.883136 2.411429 8.294565 0 0 
        4 5.970944 2.416800 8.387744 0 0 
 
 

     

F50: 1 5.707520 1.562864 7.270384 33 159 
        2 5.883136 2.416800 8.29936 33 0 
F70: 1 5.663616 1.358779 7.022395 53 197 
        2 5.619712 2.411429 8.031141 78 0 
F80: 1 5.663616 1.213771 6.877387 75 224 
        2 5.663616 2.411429 8.075045 73 0 
F90: 1 5.575808 1.031168 6.606976 97 258 
        2 5.619712 2.416800 8.036512 84 0 
 
 

     

F50: 1 2.019584 2.411429 4.431013 129 0 
        2 5.839232 2.416800 8.256032 32 0 
F70: 1 1.097600 2.416800 3.5144 156 0 
        2 5.751424 2.411429 8.162853 67 0 
F80: 1 0.395136 2.416800 2.811936 177 0 
        2 5.619712 2.406059 8.025771 73 0 
F90: 1 0.087808 2.411429 2.499237 154 0 
        2 5.575808 2.411429 7.987237 94 0 

Fraction: 
Buffers 

               Throughput (Mbps) 
Asynch Isch    Total 

Buffer Allocation Based on Source 

Buffer Allocation Based on Priority 

         Buffer Allocation Based on Priority with preemption 

# of FAILs  
Asynch     Isch
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Table A.14: Shows throughput and # (number) of FAILs for Asynchronous (asynch) and 
isochronous (isch) nodes, respectively for different fractions of non-uniformity, for a 5 nodes case 
and when number of asynchronous nodes in the network is 3; for a hotspot scenario. 
 

 
 
  
      
F50: 1 6.058752 0.966720 7.025472 84 120 
        2 6.497792 1.348037 7.845829 10 48 
        3 6.453888 1.562864 8.016752 0 9 
        4 6.453888 1.611200 8.065088 0 0 
F70: 1 5.970944 0.982832 6.953776 143 117 
        2 6.366080 1.305072 7.671152 57 27 
        3 6.366080 1.476933 7.843013 0 25 
        4 6.409984 1.605829 8.015813 0 0 
F80: 1 5.707520 0.886160 6.59368 188 135 
        2 6.102656 0.982832 7.085488 68 117 
        3 6.497792 1.294331 7.792123 0 59 
        4 6.409984 1.611200 8.021184 0 0 
F90: 1 5.839232 0.918384 6.757616 158 128 
        2 6.322176 1.186917 7.509093 41 79 
        3 6.453888 1.380261 7.834149 0 43 
        4 6.497792 1.611200 8.108992 0 0 
      
F50: 1 6.058752 0.945237 7.003989 109 123 
        2 5.927040 1.605829 7.532869 100 0 
F70: 1 5.883136 0.945237 6.8238373 165 123 
        2 5.883136 1.611200 7.494336 126 0 
F80: 1 5.795328 0.918384 6.713712 166 129 
        2  5.839232 1.611200 7.450432 152 0 
F90: 1 5.707520 0.950608 6.658128 190 122 
        2 5.663616 1.611200 7.274816 180 0 
      
F50: 1 3.731840 1.611200 5.34204 138 0 
        2 6.190464 1.611200 7.801664 91 0 
F70: 1 2.414720 1.611200 4.02592 201 0 
        2 5.839232 1.600459 7.439691 138 0 
F80: 1 1.668532 1.611200 3.279732 213 0 
        2 5.927040 1.605829 7.532869 159 0 
F90: 1 0.746368 1.611200 2.357568 232 0 
        2 5.795328 1.600459 7.395787 178 0 

 

Fraction: 
Buffers 

               Throughput (Mbps) 
Asynch            Isch    Total 

# of FAILs  
Asynch       Isch 

Buffer Allocation Based on Priority with preemption

Buffer Allocation Based on Priority

Buffer Allocation Based on Source
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