
The purpose of this project is to study the MAC layer 
performance of a WiMax cellular network through simulation 
using Matlab. It modeled and discussed the following: 
Ø The process of scheduling and queuing for VoIP packets 
from different users.  

Ø Traffic: the behavior of VoIP packets arrival and its 
arrangement.  
Ø Channel: the impact of several real-life channel factors on 
the transmitted signal. 
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CONCLUSION	  

As we simulate a communication system, we need to simulate 
the behavior of user packets arrival and its size. This can be 
achieved using a traffic model for each service. We choose to 
select Voice over IP (VoIP) as the service which will be 
modeled. 
 
Naturally, any call, or human voice interaction, contains 
several talk and silence intervals. Those intervals follow 
exponential distribution with certain average for each interval. 
For VoIP, there is one packet for each 20-ms-frame of Talk 
and no packet for Silence periods.  	  

A simulation program has been designed to study the 
performance of the MAC layer of a WiMax network. The 
performance was determined by two factors: throughput, how 
many bit is transmitted per second, and the delay, number of 
time frame required by a packet to be transmitted.  

  
VoIP traffic has been simulated to model the real behavior of 
arriving packets. Exponential distribution was used with 
certain averages to approximate the real situation. Its output 
was a vector of streams of packets for a 5ms-frame. This 
stream of packets was queued and scheduled for each user 
using certain techniques. 
 
Several effects on the channel have been modeled and 
discussed such as path loss, shadowing and multipath. Each 
one of these factors had a certain impact on the transmitted 
signal. Those effects on the transmitted signal were used to 
find the Signal to Noise plus Interference ratio, SINR. 

§  PDF of the Talk intervals (exponential distribution) 

The model was built starting with generating talk and 
silence time intervals from an exponential distributed 
function with a corresponding average for each interval. 
The PDF of the resulted Talk intervals is shown below: 

§  Call time is made out of Talk and Silence intervals. 

§  Stream of packets for Talk and Silence (on and off) intervals. 

After finding lengths of talk and silence intervals, the 
number of packets for each interval was calculated to 
generate a stream of packets for a 3 minute call time line. 
The output of the simulation program is shown below: 

Channel means the medium used to transmit a signal 
between a transmitter and a receiver. For a wireless channel, 
there are mainly three factors which affect this medium and 
the data transmitted through it : 
 
Ø Path loss: signal attenuation along its path is proportional 
to the distance of the path. 
Ø Shadowing: effect of signal blocking by solid objects, e.g. 
buildings or trees. 
Ø Multipath Loss: due to signal reflection, the receiver 
receives the signal more than once with delay. 
 
All those effects are added together with the effect of noise 
and subtracted from the total transmitted signal (in dB) to 
calculate the total SNR. The result of all those effects on the 
signal compared with the path loss for variable distance in 
dB scale is shown below: 
 

§ The total effects on the signal compared with Path Loss 

• The figure shows that for an analogue signal such as voice 
signals are converted into digital data or symbols by 
Encoded and then they will be covered in packets with 
headers each. A specific IP network with a certain IP address 
transfers those packets through a channel. At that instant, 
packets are de-encapsulated and then Decoded to data bits 
streams to be converted again to an analogue signal for the 
receiver to hear a normal voice from the host. 
 
It also uses common types of modulation as mentioned 
previously such as FSK or QFSK. This concept came from 
the concept of telephony system but using IP networks 
instead. 
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People are often concerned about measuring the maximum 
data throughput in bits per second of a communications link 
or network access. A typical method of performing a 
measurement is to transfer a 'large' file from one system to 
another system and measure the time required to complete 
the transfer or copy of the file. The throughput is then 
calculated by dividing the file size by the time to get the 
throughput in megabits, kilobits, or bits per second.  

There are many types of schedulers but our concern is to discuss 
and show the differences between a maximal scheduler and Round 
robin scheduler. Here are the outputs and results for both type of 
scheduling.  
1. Maximal Scheduler: 
This type of scheduling is mainly used to improve the system 
fairness or to make the allocations for all users the same. It can 
support a maximum throughput as shown below. 

§  Wi-Max System Maximum Throughput  

• This figure shows the overall system maximum throughput for Wi-
Max and for three different cases. The type of scheduler used is a 
Maximal scheduler. First, the graph has three different system 
throughput ranges along with the number of users who are in 
service simultaneously  

2. Round robin scheduler: 
This is the simplest type of scheduling because it provides the 
users one by one and this is done respectively. Of course, this 
will never make fairness between users and some will get higher 
than the others. Here are some outputs for this kind of 
scheduling. 

Discussion of Results: 
• The maximal throughput scheduler is much better than Round 
robin scheduler as we have showed previously. 
• Both types of schedulers will have a saturation point where the 
users will not be provided at that instant. 
• For Round robin scheduler, some user will not be served due to 
unfairness, but for maximal scheduler, the fairness is maintained 
fixed or approximately equal. 

Consequently, the system throughput with more packet 
error will be less than maximal ones and this is figured out 
from the figure. 

§  Wi-Max System Throughput with errors (Round-robin)   


