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Capacity Estimation of VOIP Channels on Wireless 
Networks 

 
 
 
 
Abstract  
 
VoIP is a rapidly evolving technology that could possibly revolutionize the 
telecommunication industry. When implemented on wireless data networks, VoIP could 
prove to be instrumental in the convergence of existing fixed and cellular telephony 
networks with the fast growing wired and wireless data networks. Capacity and Quality 
of Service are two of the most important issues that need to be resolved before the 
commercial deployment of wireless VoIP. In this project we arrive at an upper bound on 
the VoIP channel capacity in wireless networks. This was done by measurements on the 
wireless LAN at the University of Texas, Austin. The measurements were verified by 
simulating the wireless LAN using Network Simulator 2.  
 
Introduction 
 
Voice over Internet Protocol (VoIP) has been envisioned as the next likely revolution in 
the telecommunications and computer network industry [1]. VoIP involves digitization of 
voice streams and transmitting the digital voice as packets over conventional IP data 
networks like the Internet.  
 
With the rapid proliferation of wireless LANs (WLANs) operating at high data rates up to 
54 Mbps [2], VoIP deployed over such networks could provide an economical alternative 
to conventional cellular telephony. VoIP will eventually result in the convergence of 
existing data and telephony networks. The existing Public Switched Telephone Network 
(PSTN), the cellular network, the wired Internet and the WLANs could possibly converge 
forming a single network offering multiple services [1] [3]. Users will be seamlessly 
switched from one subnet to the other. For example, in an outdoor environment like a 
highway, a user will be connected to the cellular network and as soon as the user enters a 
building the call will be transferred to the WLAN inside the building.  
 
However VoIP technology is still in the early stages of commercial deployment over 
wireless LANs. Some issues need to be carefully considered before widespread 
deployment of VoIP over wireless LANs. It is necessary to examine if VoIP over 



 4 

WLANs can provide a Quality of Service (QoS) comparable to that of the existing PSTN 
and cellular networks. It is also essential to determine the number of simultaneous users a 
wireless network can support simultaneously without significantly degrading the QoS [4]. 
 
To address these issues we first need to define QoS and isolate the factors affecting QoS 
in wireless networks. QoS can be defined as a metric that measures the overall user 
satisfaction with the network performance. QoS is application dependent and the QoS 
requirements may vary widely depending on the application. In our project we will focus 
on the QoS requirements for packet based telephony applications. Several metrics have 
been proposed to quantify the QoS for telephony applications. One of the popular metrics 
is called MOS or mean opinion score. It ranges from 1 to 5 with 5 indicating the best 
possible voice quality. Another index of QoS based on the ITU recommendation G.108 is 
called the E model and defines a rating value R as shown in Table 1. 
 
Table 1: Definition Of Categories Of Speech transmission Quality 
 

R-Value Range Speech 
Transmission 
Quality Category 

User satisfaction 

90 ≤ R < 100 Best Very satisfied 

80 ≤ R < 90 High Satisfied 

70 ≤ R < 80 Medium Some users dissatisfied 

60 ≤ R < 70 Low Many users dissatisfied 

50 ≤ R < 60 Poor Nearly all users dissatisfied 

 
Note: Connections with R-values below 50 are not recommended. 
 
 
The major factors affecting QoS in a wireless network are throughput, packet loss, packet 
delays and jitter. The wireless channel changes with time and hence it is possible that a 
link between two nodes could break in midst of a voice session. This makes it difficult to 
achieve an acceptable QoS in a wireless environment. 
 
A codec is defined as an algorithm, or specialized computer program, that reduces the 
number of bytes consumed by large files and programs. The codecs used for encoding 
and decoding the voice also impact the QoS. Some of the popular codecs are listed in 
Table 2.  
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Table 2 

 

Codec 
Standard 

Packet Size Sample 
Duration 

Data Rate 
Bits 

G.711 120 15ms 64K 

G.729A 10 10ms 8K 

G.723.1 24 30ms 5.3/6.4K 

 
In this project we have determined an upper bound on the VoIP channel capacity over 
wireless networks. The project approach consisted of two parts 
 
 

• Measurements  
  

Measurement of the channel capacity of an actual wireless access point based 
network. We used the wireless network in the University of Texas, Austin as the 
test network. Most of the measurements were carried out when the network load 
was very light between 3.00am to 7.00am. This was to ensure that our results 
would not be influenced by uncontrollable factors like external network load. 
This also makes our results easily repeatable for reliability and validation. The 
measurements were carried out using the NetIQ’s Chariot tool [5] using a 
special academic license. 
 

• Simulations 
 
To ensure the validity of the results and to extend the results in areas like node 
mobility we simulated an access point based wireless network using the 
Network Simulator (NS2)[6].  We tried to match the simulated network with the 
measurement testbed on which the data was collected. The simulation results 
were then compared with the measured data.  

 
 
 

I. Measurements 
 
1. Introduction to Chariot 
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Chariot by Net IQ is a widely used commercial network analysis tool [5]. It evaluates 
and predicts the performance of networked applications and performs stress tests on 
network devices before deployment. We can use Chariot's performance data to 
optimize the network and determine the performance impact of the optimizations. 
NetIQ also offers the VoIP Test Module for Chariot. With this module, we can 
predict voice-call quality by using a Mean Opinion Score (MOS) and provide the 
detailed network statistics needed to determine optimal network design. 

Chariot can be used to 

•  Measure end-to-end performance 

Response time and throughput for transactional applications can be gauged. 
Chariot also measures jitter, delay and lost data for streaming applications. With 
the VoIP Test Module, we can thus measure the overall call quality.  

• Test with real-world application loads 

Application traffic can be generated without application overhead to reveal the 
effect of traffic on your network. Chariot also supports multiple protocols (TCP, 
UDP, RTP, SPX, IPX and SNA) and emulates the traffic of many applications 
including VoIP.  

• Perform pre-deployment testing 

Chariot accurately predicts performance across the network and measures the 
effect of changes on existing applications. Chariot also evaluates how well the 
network infrastructure can handle VoIP and predicts the expected QoS. 

2. Measurement Setup 
 
In order to measure the number of maximum simultaneous VoIP users in the current 
(802.11b) wireless LAN network, we used Chariot for performance measurements. 
An Endpoint is a small program running on each network node communicates with 
central program called the console and generates the desired traffic. The console 
configures each endpoint with the desired configuration, triggers the simulation and 
collects simulation results for analysis.   
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Fig. Endpoints and Console 
 
 
Test Bed 
 
• Venues: 

a) WNCG Lab, 4th floor, ENS Building, UT Austin. 
b) Student Study Lounge, 1st floor, ENS Building, UT Austin. 
 

• Console: 
A PC workstation running Chariot on Windows NT 

 
• Endpoints 

Laptop computers with 802.11b compatible wireless transreceivers were used as 
the endpoints. Each endpoint generated multiple VoIP sessions.  One PC 
workstation was also used as an endpoint. 
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The access point nearest to the student study lounge was approximately 20 meters 
away from the test bed. The VoIP traffic was generated between each of the Laptops 
and the workstation endpoint. The workstation endpoint was placed within the UT 
network to minimize the delay and network layer losses. 
 
 

 
 
    
 
In order to minimize interference from other network users, most of the 
measurements were carried out from 3:00AM to 7:00AM.  
 
Each notebook ran its own endpoint and generated VoIP traffic under 802.11 MAC 
layer protocol. This protocol chooses CSMA/CA as the multiple access scheme [7]. 
This method allows one transmitter to transmit data whenever the medium is 
determined to be idle by CCA (clear channel assessment: a function performed by 
PHY layer). When the transmitter does not receive an acknowledgement (ACK), it 
assumes transmitted data did not successfully arrive at the destination and waits for a 
random time. The random time is chosen to be less than or equal to the contention 
window. Contention window grows exponentially with successive retransmission 

Fig. Measurement Setup 
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attempts. If a transmission is successful, then contention window returns back to the 
minimum value. This scheme allows the sharing of the same frequency band amongst 
different users with fairly low hardware complexity compared to TDMA or CDMA.  
 
Chariot allows generation of multiple voice streams from one endpoint. However to 
increase the accuracy of the collected data we used multiple laptops (upto five 
simultaneous mobile laptops).   
 
The chose of voice coding technology plays an important role in voice quality. 
Coding is needed to compress data to conserve bandwidth and to reduce the effects of 
delay jitter and loss. A good compression scheme reduces the amount of data need to 
be transmitted dramatically while it takes more time to compress and decompress and 
sacrifices the highest voice quality limit achievable. We chose G.711 and G.723 voice 
codecs for our measurement. G.711 encodes the voice stream into a 64kbps data 
stream and provides excellent voice quality. G.723 is a standard voice compression 
technique and converts voice into a 6kbps data stream. It provides an acceptable voice 
quality while allowing simultaneous compression and decompression. 
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Results  

 
We monitored voice quality while increasing the number of endpoints. We 
determined the maximum number of voice sessions possible with an acceptable 
quality of service.  
 
G.711 Codec 
The measurements for 10 simulatneous VoIP seesions (pairs 1 to 7 and pairs 11 to 13) 
are shown below. 
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For more than 10 simulataneous voice sessions over the G.711 codec, some of the 
pairs have an unacceptable voice quality. The results are plotted below 
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G.723 codec: 
 
The G.723 codec supports up to a maximum of 18 simultaneous voice sessions. The 
measurement data for 18 users is plotted on the successive pages. 
 
 

 
 
 
The MOS estimate is lower than the previous results due to the compression carried 
out by the G.723 codec. 
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If the number of users increases beyond 18 some of the users start experiencing 
unacceptable QoS. The data for this case is plotted on the successive pages. 
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We have compared the capacity of the wireless LAN for both the codecs in the graph 
shown below. 
 

 
VoIP Capacity 

 
Appendix A contains comprehensive details of the above experimental setup and the 
relevant tabulated data.  
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Network Simulator NS2 
 
NS2 is a discrete event simulator meant for networking research [7][8]. Simulation is the 
execution of a system model in time to yield useful information about a system which is 
being investigated. Events in the modeled system occur at discrete points of time. When 
the number of such events is finite, we call it discrete event. A discrete event simulator 
consists of a set of discrete events & a Simulator object which that executes these events 
in a total order in time. The following are some of the parts needed for a simulation:  
 
1. An abstract framework of events  
2. A data structure to manage events  
3. Functions to generate random variables  
4. Facilities to allow objects to interact  
 
NS2 is written in OTcl(Object-Oriented Tool Command language) and C++. OTcl is its 
primary Command and Configuration Language. It implements network protocols such 
as TCP and UDP over wired and wireless (both local and satellite) networks, and also 
traffic source behavior such as FTP, Telnet, Web, CBR (constant bit rate) & VBR 
(variable bit rate). Router queue management mechanisms such as Drop Tail, RED and 
CBQ and routing algorithms such as Dijkstra and more have also been implemented. NS 
also implements multicasting and some of the MAC layer protocols (which include 
802.11b MAC layer specification) for LAN simulations. Also tools for analysis and 
display of the simulation results are now a part of NS2. These tools include NAM 
(Network Animator).  
 
Concept Overview 
 
The backbone of Ns is basically written in C++, with a OTcl script interpreter forming 
the front-end. It supports a class hierarchy in C++, called Compiled hierarchy & a similar 
one within the OTcl interpreter, called interpreter hierarchy. A one to one correspondence 
between classes of these two hierarchies exists. The root of the hierarchy is Class 
TclObject. The users create new simulator objects through interpreter.  

 
Figure 2. Otcl-C++ duality 
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The Need for dual Languages  
 
The simulator performs dual functions: 
 
a. The simulator performs detailed and efficient simulations of protocols.  
b. Moreover it also allows the user to vary the parameters or configurations and get the 
instantaneous change in the output of the simulation. 
 
For the first case we need a system programming language like C++ that efficiently 
handles bytes, packet headers & implement algorithms efficiently. But for the second 
case iteration time is more important than the run-time of the part of task. This is 
accomplished by a scripting language like Tcl.    
 
Steps for creating a Network Simulation: 
 
• Creating the event scheduler: 
• Creating network: This involves declaring nodes and defining links (either simplex or 

duplex) between these nodes. This also involves defining queue lengths and the queue 
types which include the Drop Tail queue, the RED queue, the CBQ, etc. 

• Creating connection: In this step either a TCP (Transport Control Protocol) or a UDP 
(User Datagram Protocol) connection is created. Data sources and the data sinks are 
defined along with the connections between respective source-sink pairs. Sources are 
the nodes that generate the data and the sinks are the nodes which are the respective 
recipients of the data.  

• Creating traffic: If a TCP connection is being simulated then either a FTP( File Transfer 
Protocol) or a Telnet traffic can be set up. If data traffic is being created over a UDP 
connection then either a Constant Bit Rate (CBR) or an exponential traffic can be 
generated. 

• Tracing: A command can be used to trace packets on all the links or on specific links. 
 
The visualization tools provided by the NS2 software suite are Xgraph and NAM 
(Network Animator). 
 
General Architecture of NS  
 
The NS developer works on Tcl, runs simulations in Tcl using the simulator objects in 
OTcl library. The event scheduler & most of the components are implemented in C++ 
and available to OTcl through a one-to-one OTcl linkage. NS is basically an Object 
Oriented extended Tcl interpreter which uses the network component libraries and the 
network setup libraries (also known as the plumbing modules).  
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Fig. A user view of ns 

 
 

The program that runs NS is in OTcl script Language. The basic script  
• Initiates an event scheduler,  
• Sets up a network topology using the Network Component Objects, 
• Plumbs the network together using the functions in the Plumbing library and 
• Co-ordinates the timing of the traffic source.  
 

The event scheduler is used by those network components that handle packets to issue an 
event for a packet. Essentially a packet can be viewed as an event which triggers at a 
particular time. Simulation results are stored in files called 'Trace files'. These trace files 
can be used for analysis of the simulated data. A graphical tool known as Network 
Animator (NAM) uses these files automatically and gives a topological view of the 
network [10]. Graphs of data throughput, data delays, data loss, jitter and other 
parameters associated with the quality of the network can be found using that data for 
which useful data needs to be sieved out from the large Trace File. This sieving can be 
done using C++ tools or certain scripting languages like AWK.  
 
WIRELESS MODEL IN NS2: 
 
The wireless model essentially consists of the MobileNode at the core which is the basic 
node object with extra functionalities like the ability to move within the given topology, 
the capability to transmit and receive signals on a wireless channel etc. 
 
The Network Components in a mobilenode 
The network stack for a mobilenode consists of  

• a link layer(LL),  
• an ARP module connected to Link Layer, 
• an interface priority queue(IFq),  
• a mac layer(MAC),  
• a network interface(netIF),  

all of which are connected to the channel. The OTcl serves to create the objects for the 
above components and also serves to plumb the objects together.  
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Nam is a Tcl based animation tool for viewing network simulation traces and also real 
world packet traces. The various feature supported are topology layout, packet level 
animation, and various data inspection tools. 
 
Simulation Details 
 
(A) Simulation Parameters 
 
Multiple VoIP clients traffic on a single Access Point has been simulated by ns2. The 
following parameters are set in voip.tcl. 
 
set val(chan) Channel/WirelessChannel; 
set val(prop) Propagation/TwoRayGround; 
set val(ant) Antenna/OmniAntenna; 
set val(ifq) Queue/DropTail/PriQueue; 
set val(ifqlen) 400; 
set val(netif) Phy/WirelessPhy; 
set val(mac) Mac/802_11; 
set num_bs_nodes 1 
 
(B)Random Call Model 
 
In this project, we have simulated a random call model, which can reflect the random 
nature of call traffics. First, we have generated a file called call_profile.cfg, which is a list 
of call source-destination pairs and call initiation and hang-up times. Call arrivals are 
generated by Poisson process, which is an attractive model in theoretical perspectives as 
well as for practical considerations. Exponential random variables have been generated 
by MATLAB, each associated with a randomly selected endpoint from fixed number of 
clients(e.g. 20 nodes), and it plays a role of exponential call duration time. Another set of 
exponential random variables is generated to represent time duration between call 
arrivals, from which call arrival process becomes homogenous Poisson process with 
given rate. This procedure is given in the figure below. 
 
 

MATLAB C++

Generate
Poisson and
Exponential
RVs

Randomly Set 
Non-overlapping

Source-Destination
Nodes Pair

Call_Profile.cfg

Format:
s1 d1 start end
s2 d2 start end
…

MATLAB C++

Generate
Poisson and
Exponential
RVs

Randomly Set 
Non-overlapping

Source-Destination
Nodes Pair

MATLAB C++

Generate
Poisson and
Exponential
RVs

Randomly Set 
Non-overlapping

Source-Destination
Nodes Pair

Call_Profile.cfg

Format:
s1 d1 start end
s2 d2 start end
…

 
 
 
 

Figure 1: Generating Call Profile 
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 One thing to note here is that the call durations of a single node should not overlap each 
other. We are assuming that only one traffic flow is generated by a source. If a node has 
an average call arrival rate of L calls/sec, and has an average call duration of T, the load 
carried by each node is L/T Erlangs. If a total of N nodes is within the network, then the 
total load offered to the system is NL/T Erlangs. The simulations could involve realistic 
values of L and T, for example, 2 calls per hour or average duration of 5 minutes, but 
such simulation involves large amount of memory and computing power, so we focused 
on fixing utilization factor L/T = 0.25. As the network and MAC layer timings are 
relatively finer than traffic durations by orders of magnitudes, it is reasonable to guess 
that the network will reach steady state in several minutes at the latest. The simulation 
has been run for 150 seconds, with L=3 calls/minute and T=5 seconds, which has 
resulting occupancy ratio of 0.25. 
 
(C) VoIP Traffic Setup 
 
We have simulated two widely used codecs for VoIP applications, which are G.711 and 
G.723.1. G.711, which is an uncompressed PCM(pulse coded modulation) audio stream 
that supports 64kbps, using A-law and Mu-law scheme. G.723.1 is a widely used codec 
for VoIP applications and it supports two bit rates, 5.3 kbps which uses Algebraic Code 
Excited Linear Prediction(ACELP) and 6.3kbps which uses Multi Pulse-Maximum 
Likelihood Quantization(MP-MLQ)[11]. The following are the assumptions for G.723.1 
sessions in this simulation: 
 

• 24 Payload UDP bytes each 30ms 
• No VAD(Voice Activity Detection) or Silence Suppression Algorithms applied 
• Full-duplex  

 
UDP Payload size of 24 bytes comes from RTP(Real-Time Protocol) header of 12 bytes 
and 12bytes of voice payload, and the voice rate results in 6.3kbps, which is the MP-
MLQ type choice of G.723.1. In VoIP applications, several voice packets are integrated 
into a single RTP packet to reduce the ratio of RTP packet header overhead, but it could 
cause severe performance degradation if some of packets are lost. So we assume that only 
one voice payload is carried on a single packet. In case of G.711, payload size without 
RTP header is 160 bytes every 20ms. 
 
Also, VAD(Voice Activity Detection) is an option for G.723.1, compromising the 
amount of computation with reduction in the network traffic. But this involves a proper 
model for human talk on a phone, so for ease of the simulation we have assumed a 
CBR(Constant Bit Rate) voice traffic. 
 
The traffic is full-duplex so that within the subnet, the Access Point acts as a network 
gateway and forwards incoming packets and route outgoing packets. This is the main 
reason for the congestion on AP, as voice traffic is concentrated on a shared, finite-
capacity, i.e. wireless environment. This phenomenon will be more clarified with the 
simulation results. 
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(D) Node Arrangements on ns2 
 
The nodes, each acting as a VoIP client, are uniformly spread out to about 200x200 m2 
dimensions in 2-D space. The Access Point is located in the center of node distribution, 
and every node is set to be visible from each other.  
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Clients
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Random Select
UDP CBR Traffic

Uniform
Random
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On(500x500)

Call Profile

AP

Clients

NS2

Random Select
UDP CBR Traffic
Random Select
UDP CBR Traffic

 
 

Figure 2: ns node distribution 
 

Random call profile and uniform node distribution information is fed into ns simulator, 
and the event scheduler in ns2 selects a node according to the call profile, and starts to 
send and receive CBR packets from Access Point. The calls are assumed to be connected 
to outer network. Simulation output from ns2 is saved in a trace file, which keeps track of 
packets, and it has another output file, nam_trace, which is for Nam(Network AniMator) 
visualization of simulations. The trace file output is fed into call analyzer module, which 
is implemented in C++ and MATLAB, whose role is to extract VoIP parameters such as 
delay, jitter, packet loss, throughput. 
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Figure 3: Simulator Overview 
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(E) Results and Observations 
 
The following are the results of simulating 7 independent sessions, a single Access point 
managing 20, 24, 30 nodes of G.723.1 endpoints, and 8,12,16,20 nodes of G.711 
endpoints. Every session is associated with approximately 100 randomly generated calls 
within 150 seconds. 
 
The packet information is directly derived from the trace file. However, it is hard to 
visualize major trend in the statistics due to some fast fluctuations of these parameters. So 
a moving average filter smoothed by Hamming Window of length 50 is applied to 
process output data. Similar window has been applied to each plot.  
 
 

 
Figure 4: Packet Losses for G.723.1 and G.711 sessions 

 
The above figure is the packet loss statistics for each codec and session. Every session 
has duration of 150 seconds. It is interesting to note that packet losses are occurring in a 
bursty manner, and most of the packet losses come from the transmission failure of the 
Access Point. The reason is that IEEE802.11 is designed in a way that every node has to 
wait for a random amount of time before it tries to send a packet. When the data is 
concentrated into the Access Point in the center, at some instant the Access Point will 
hold many packets that need to be injected in the network. But still other points are trying 
to flood packets, so in a fair manner, these packets will be accumulated in the queue. If 
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we define the state of the queue as the number of waiting packets in the queue, this 
queuing system is unstable, i.e. it will eventually overflow and start to drop packets by a 
DropTail manner, which is the default setting in this simulation. In above plot, G.723.1 
can withstand up to 24 trunked calls in terms of packet loss, but G.711 suffers 
dramatically from the packet loss. This is related with the packet length, which is 
proportional to transmission time associated with each packet. Furthermore, the time 
intervals between packets are shorter in G.711, which worsens the performance in terms 
of dropped packets. 

 
Figure 5: Average Delays for G.723.1 and G.711 sessions 

 
The above figure is average delay experienced by packets received in a given time 
resolution. If we note that this is the average delay within some predetermined time 
duration, we can see that packet delays propagate to influence delay statistics of 
neighboring nodes. Delays do not smooth out to some desired values, but queued packets 
keep sending requests to be injected into the network, and increase load on the overall 
system. 
 
We can see that 24 trunked nodes in G.723.1 has an average delay well below 200ms, 
which is often used as a threshold in delay when estimating quality of service. 
However, most G.711 sessions that has a single concentration point with more than 10 
nodes experience delay up to several seconds, which is clearly not appropriate for real-
time voice applications. 
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Another important time domain statistics is the jitter, which plays a crucial part in 
deciding the size of receiving buffer for voice packets in an application layer. 

 
Figure 6: Average Jitters for G.723.1 and G.711 sessions 

 
There are many ways to quantify jitter. In this simulation, we have calculated standard 
deviation of packet inter-arrival times relative to packet interval which is determined by 
codec. Both codecs perform reasonably in terms of jitters, but this is due to the ideal 
setup of the simulation. The environment is free space and no multi-path delays, the only 
limitation being the interference from each other. Thus these statistics can be viewed as a 
provision of lower bound for timing jitter in voice packets. 
 
 Figure 7 is the plot for instantaneous throughput of the system in 150 seconds. The 
fluctuations in the throughput are mainly due to random setup of call durations. It is 
interesting to note that the number of nodes do not affect significantly in the throughput. 
Once the network reaches its equilibrium, the number of outstanding packets is kept 
almost constant, so increase in the number of sessions or clients within the network is 
relatively irrelevant. These increases cause packet losses or delays within the system, 
maintaining the number of bytes injected into the system. 
 
 Based on these observations, we can qualitatively conclude from the simulations such 
that the trunked capacity of G.723.1 6.3kbps on a single access point system is about 
24~26 and G.711 64kbps system is about 10~12.  
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Figure 7: Throughputs for G.723.1 and G.711 sessions 
 
 We need to note that the simulation setup is ideal, without barriers or multi-paths, but 
actual systems will experience such problems, especially for indoor systems. So we 
cannot overemphasize the determination process of assigning and installing Access 
points, either indoor or outdoor environments. The defect in the system is amplified 
especially for real-time applications such as VoIP, Video Data Streaming.  
The table for average values of important statistics is given below and ns source codes, 
Tcl codes, MATLAB and C++ implementations are provided in the appendix. 
(The top column has format number_of_nodes/codec) 

Table. Average Statistics for Each Session 

 20/G723 24/G723 30/G723 8/G711 12/G711 16/G711 20/G711 
Delay(sec) 0.0991 0.4144 0.4311 0.8656 1.2441 1.2667 2.9362 

Jitter(sec) 0.00713 0.01001 0.00774 0.00630 0.00910 0.01252 0.03985 

Throughput 
(Mbps) 

0.03087 0.02498 0.01689 0.15928 0.15500 0.15527 0.10020 

Packet loss 
(loss/sec) 

0.1613 1.5947 2.7753 6.9273 6.9447 3.9467 12.6840 
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Conclusion: 
 
The measurements done using Chariot gave us a good estimate of the maximum number 
of VOIP sessions that can be supported by one access point (using the 802.11 mac layer 
protocol). However due to the probabilistic modeling of the call arrival times and the call 
duration times the NS simulations give us a realistic estimate of the capacity. Thus we 
conclude that the 802.11b protocol can support 14-18 simultaneous VOIP sessions using 
the G.723.1 codec and 8-10 VOIP sessions using the G.711 codec. 
 
Future Work: 
 
If the queue length is increased, the packet loss is reduced. But then increasing the queue 
length increases the delay of packet arrivals. We tried various simulations with up to 20 
times increase in the queue length. These led to the reduction of the packet loss to 
approximately half the original loss. 
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Appendix A 
 

Run Options 
 

End type Run until any pair ends 

Reporting type Batch 

Automatically poll endpoints Yes 

Polling interval (minutes) 1 

Stop run upon initialization failure Yes 

Connect timeout during test (minutes) 0 

Stop test after this many running pairs fail 1 

Collect endpoint CPU utilization No 

Validate data upon receipt No 

Use a new seed for random variables on every run Yes 

Datagram window size (bytes) 1500 

Datagram retransmission timeout (milliseconds) 200 

Datagram number of retransmits before aborting 50 

Receive Timeout (milliseconds) 10000 

Time To Live (Hops) 1 
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Test results for 10 voice sessions on G.711 
 

Group
/ Pair 

MOS 
Averag

e 

MOS 
Minimu

m 

MOS 
Maximu

m 

R-
value 

Averag
e 

End-to-
End 

Delay 
Averag
e (ms) 

One-
Way 

Delay 
Averag
e (ms) 

RFC 
1889 

Jitter 
Averag
e (ms) 

Percen
t Bytes 

Lost 
E1 to 

E2 

Maximum 
Consecutiv

e Lost 
Datagrams 

Jitter 
Buffer 

Lost 
Datagram

s 

All 
Pairs 4.33 2.49 4.38 90.34 47 6 0.563 0.020 3 32 

Pair 1 4.26 2.84 4.38 88.45 55.388 14 1.122 0.068 2 5 

Pair 2 4.35 3.75 4.38 91.20 44.061 3 0.163 0.000 0 2 

Pair 3 4.27 2.49 4.38 88.87 52.306 11 1.347 0.054 3 6 

Pair 4 4.34 3.73 4.38 90.84 44.755 4 0.265 0.014 1 2 

Pair 5 4.36 3.81 4.38 91.26 41.265 0 0.020 0.000 0 2 

Pair 6 4.29 3.25 4.38 89.25 42.510 2 1.143 0.014 1 7 

Pair 7 4.31 3.16 4.38 89.90 44.714 4 1.429 0.014 1 5 

Pair 11 4.34 3.16 4.38 90.73 54.440 13 0.120 0.000 0 3 

Pair 12 4.35 3.26 4.38 90.96 44.000 3 0.020 0.041 1 0 

Pair 13 4.38 4.38 4.38 91.91 42.878 2 0.000 0.000 0 0 

Totals: 4.33 2.49 4.38 90.34 47 6 0.563 0.020 3 32 
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Test results for 18 voice sessions on G.711 
 

Group
/ Pair 

MOS 
Averag

e 

MOS 
Minimu

m 

MOS 
Maximu

m 

R-
value 

Averag
e 

End-to-
End 

Delay 
Average 

(ms) 

One-
Way 

Delay 
Averag
e (ms) 

RFC 
1889 

Jitter 
Averag
e (ms) 

Percen
t Bytes 

Lost 
E1 to 

E2 

Maximum 
Consecutiv

e Lost 
Datagrams 

Jitter 
Buffer 

Lost 
Datagram

s 

All 
Pairs 3.73 1.00 4.38 74.05 1,387 1,346 10.474 0.478 91 1,625 

Pair 1 4.17 1.00 4.38 86.05 59.625 19 1.333 2.307 90 0 

Pair 2 1.00 1.00 1.00 0.00 7,892.40
0 7,851 55.000 0.000 0 504 

Pair 5 4.30 2.72 4.38 89.65 47.939 7 0.490 0.027 2 5 

Pair 6 4.33 3.11 4.38 90.62 47.735 7 0.102 0.000 0 4 

Pair 7 4.28 3.22 4.38 89.22 52.449 11 2.694 0.041 1 5 

Pair 8 4.33 3.79 4.38 90.31 52.265 11 2.653 0.000 0 4 

Pair 9 4.07 1.00 4.38 83.24 57.583 17 0.667 2.426 90 0 

Pair 10 1.00 1.00 1.00 0.00 8,257.20
0 8,216 59.600 0.000 0 546 

Pair 11 4.29 2.72 4.38 89.47 47.760 7 0.360 0.040 2 5 

Pair 12 4.33 3.10 4.38 90.62 47.653 7 0.122 0.000 0 4 

Pair 13 4.28 3.23 4.38 89.27 52.040 11 2.420 0.040 1 5 

Pair 14 4.33 3.79 4.38 90.31 52.265 11 2.755 0.000 0 4 

Pair 15 4.13 1.00 4.38 84.65 59.104 18 1.750 2.360 91 1 

Pair 16 1.00 1.00 1.00 0.00 8,046.80
0 8,006 52.400 0.000 0 520 

Pair 17 4.28 2.72 4.38 89.42 47.857 7 0.653 0.041 2 5 

Pair 18 4.33 3.11 4.38 90.64 47.700 7 0.260 0.000 0 4 

Pair 19 4.28 2.82 4.38 89.11 52.220 11 2.520 0.053 2 5 

Pair 20 4.33 3.79 4.38 90.31 52.388 11 2.755 0.000 0 4 

Totals: 3.73 1.00 4.38 74.05 1,387 1,346 10.474 0.478 91 1,625 
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Test results for 18 voice sessions on G.723 

 

Group/ 
Pair 

MOS 
Average 

MOS 
Minimum 

MOS 
Maximum 

R-value 
Average 

End-to-
End Delay 

Average 
(ms) 

One-Way 
Delay 

Average 
(ms) 

RFC 1889 
Jitter 

Average (ms) 

Percent 
Bytes Lost 

E1 to E2  

Maximum 
Consecutive 

Lost 
Datagrams 

Jitter 
Buffer 

Lost 
Datagrams 

All 
Pairs 3.50 1.57 3.65 68.07 147 19 3.303 0.079 2 606 

Pair 1  3.53 2.34 3.65 68.60 139.280 12 0.920 0.020 1 17 

Pair 2  3.47 1.76 3.64 67.53 157.340 30 4.320 0.040 1 14 

Pair 3  3.57 3.28 3.65 69.49 133.920 6 1.240 0.000 0 15 

Pair 4  3.47 2.42 3.64 67.42 153.900 26 5.240 0.182 1 17 

Pair 5  3.53 2.53 3.65 68.63 138.920 11 1.000 0.040 1 16 

Pair 6  3.46 1.74 3.64 67.27 155.180 28 3.900 0.141 1 13 

Pair 7  3.55 3.17 3.65 69.10 135.220 8 1.880 0.020 1 18 

Pair 8  3.47 2.23 3.64 67.44 158.280 31 6.320 0.162 2 16 

Pair 9  3.53 2.53 3.65 68.62 138.780 11 0.880 0.040 1 16 

Pair 10 3.46 1.57 3.64 67.26 155.480 28 3.860 0.101 1 15 

Pair 11 3.55 3.17 3.65 69.07 135.720 8 2.320 0.000 0 19 

Pair 12 3.46 2.24 3.64 67.37 157.180 30 6.400 0.162 1 18 

Pair 13 3.52 2.34 3.65 68.42 139.180 12 0.800 0.040 1 18 

Pair 14 3.46 1.76 3.64 67.30 156.720 29 4.560 0.121 1 13 

Pair 15 3.57 3.18 3.65 69.50 134.120 7 0.900 0.000 0 15 

Pair 16 3.44 2.23 3.64 66.88 158.960 31 7.060 0.141 1 23 

Pair 17 3.53 2.51 3.65 68.67 139.680 12 1.160 0.020 1 16 

Pair 18 3.44 1.73 3.65 66.93 155.000 28 4.120 0.202 2 14 

Totals: 3.50 1.57 3.65 68.07       
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Test results for 20 voice sessions on G.723 

 

Group/ 
Pair 

MOS 
Average 

MOS 
Minimum 

MOS 
Maximum 

R-value 
Average 

End-to-
End 

Delay 
Average 

(ms) 

One-
Way 

Delay 
Average 

(ms) 

RFC 
1889 

Jitter 
Average 

(ms) 

Percent 
Bytes 

Lost E1 
to E2 

Maximum 
Consecutive 

Lost 
Datagrams 

Jitter 
Buffer 

Lost 
Datagrams 

All 
Pairs 2.68 1.00 3.65 48.83 1,225 1,097 6.887 0.098 2 959 

Pair 1  3.49 2.68 3.65 67.93 147.300 20 4.240 0.040 1 18 

Pair 2  2.66 1.06 3.63 50.72 350.720 223 9.740 0.263 1 27 

Pair 3  3.53 2.86 3.65 68.69 140.020 13 2.220 0.020 1 18 

Pair 4  1.05 1.00 2.29 8.10 4,257.340 4,130 10.000 0.162 1 29 

Pair 5  3.49 2.68 3.65 67.91 148.000 21 4.580 0.040 1 18 

Pair 6  2.69 1.15 3.63 51.38 352.100 225 9.680 0.121 1 24 

Pair 7  3.50 2.84 3.65 68.09 141.660 14 3.280 0.040 1 23 

Pair 8  1.05 1.00 2.07 8.11 4,258.800 4,131 9.900 0.162 1 31 

Pair 9  3.49 2.60 3.65 67.75 148.900 21 5.100 0.000 0 21 

Pair 10 2.68 1.07 3.63 51.20 352.960 225 9.880 0.141 1 25 

Pair 11 3.53 2.86 3.65 68.56 141.240 14 3.060 0.000 0 20 

Pair 12 1.05 1.00 2.28 8.08 4,256.740 4,129 10.100 0.162 1 31 

Pair 13 3.48 2.69 3.65 67.69 148.580 21 4.840 0.061 1 19 

Pair 14 2.68 1.02 3.63 51.09 352.240 225 9.720 0.141 1 27 

Pair 15 3.52 2.78 3.65 68.51 140.100 13 2.560 0.040 1 19 

Pair 16 1.05 1.00 2.26 7.83 4,259.560 4,132 10.020 0.202 1 31 

Pair 17 3.48 2.64 3.65 67.71 150.080 23 4.960 0.040 1 19 

Pair 18 2.68 1.07 3.63 51.13 350.800 223 9.400 0.162 1 26 

Pair 19 3.53 2.83 3.65 68.60 142.680 15 3.100 0.020 1 18 

Pair 20 1.05 1.00 2.28 7.75 4,256.140 4,129 10.040 0.202 1 33 

 

 


