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Abstract

Wireless voice over IP (VoIP) is an important emerging service in telecommu-
nications due to its potential for replacing todays’ cell phone communication 
wherever wireless local area networks (WLANs) are deployed. However, the 
number of VoIP calls that can be supported in the widely deployed IEEE 802.11 
WLAN is limited and therefore may hinder the success of wireless VoIP as a 
viable alternative. In this thesis we investigate the limited VoIP capacity and 
provide new insight and solutions to improve the number of simultaneous VoIP 
calls that can be maintained with an acceptable level of voice call quality. 

To improve the VoIP capacity we first discuss a solution based on a quality 
of service (QoS) mechanism of the IEEE 802.11 protocol. In particular we uti-
lize a transmission opportunity (TXOP) parameter of the medium access control 
(MAC) as a simple solution to increase the number of VoIP calls. We develop 
a detailed analytical model to show that a significant increase (≈ 100%) in call 
capacity can be achieved. We also discuss the implications of this solution and 
provide ideal parameter settings to maximize the number of concurrent calls 
without affecting the overall system performance. 

Using our analytical model, we study the impact of the buffer size on VoIP 
capacity. We show that there exists an optimal buffer size that maximizes the 
number of VoIP calls, and we show that further increasing the buffer beyond this 
ideal value will not result in an increase in call capacity. In particular, we show 
that VoIP capacity is independent of the buffer size, given the minimum optimal 
buffer, and that this finding also holds in conjunction with the previous solution 
to increase the VoIP capacity. Based on this finding, we develop a closed-
form expression for the maximum number of VoIP calls as a function of the 
TXOP parameter. Using the closed-form expression we then propose a novel 
VoIP capacity approximation equation. This simple yet accurate approximation 
formula allows us to provide some further insight into VoIP capacity in WLAN 
and its limits. 
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We then propose a novel dynamic codec with priority (DCwP) scheme that 
exploits a tradeoff between call quality and traffic priority to increase call ca-
pacity while providing a high level of voice call quality. In this scheme, users 
are encouraged to switch to a lower quality voice codec during periods of high 
contention, thus enabling them to maintain the call. To compensate for the re-
duction in call quality, and to give an incentive to the user to adjust the voice 
codec, a higher priority is given at the AP for voice calls originating from these 
users, thus providing a high throughput and a higher than average call quality. 
To show the benefits of this scheme, we develop a detailed analytical model, 
and show that depending on the voice codec setting that a VoIP capacity gain 
of between 16% and almost 300% can be achieved with an above average call 
quality as indicated by results obtained using the ITU E-model. Our analytical 
model also allows us to provide further insight into a multi-queue, multi-traffic 
environment, in particular the impact of internal collisions. 

Finally, we investigate the impact of TCP traffic on VoIP capacity in an 
IEEE 802.11 WLAN. Using ns-2 simulation we study the impact of TCP traffic 
on the call capacity when the channel access is controlled using the distributed 
coordination function (DCF) or enhanced distributed channel access (EDCA) 
is used. We confirm that the TCP flow direction is an important parameters to 
consider, irrespective of the channel access function. We then show that the 
solution based on the TXOP parameter can provide benefits to VoIP and TCP 
traffic. In particular, we show that using the TXOP parameter yields a high 
call capacity while maximizing the TCP throughput. However, we also show 
that even though the TXOP solutions increase the number of calls and the TCP 
throughput, our proposed DCwP scheme can provide superior results in terms 
of VoIP capacity and TCP throughput for different scenarios. 
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1
Introduction 

In recent years, wireless local area networks (WLANs) based on the IEEE 
802.11 protocol [4] have been widely deployed and are now available almost ev-
erywhere. Many places such as cafes, restaurants, airport lounges and shopping 
centers provide free wireless access. Enhancements to the wireless protocol and 
the reduction of costs of wireless technology over the past decade has led to an 
integration of wireless capabilities into mobile devices such as laptops, PDAs1 

and cell phones. In particular the widespread use of smart-phones sees an in-
creasing demand for wireless access everywhere. For example, it is predicted 
that the mobile data traffic between 2010 and 2015 will increase by 92% annu-
ally and that mobile data will consume in excess of 3 exabyte (3× 1012MB) per 
month in 2014 as shown in Fig. 1.1 [5]. 

The success of wireless networks is closely coupled to the standardization 
efforts of the Institute of Electrical and Electronics Engineers (IEEE2) and the 
European Telecommunications Standards Institute (ETSI3). Both organizations 
established working groups in the early 1990s to develop a standardized wire-
less network protocol. In 1996 ETSI released the HiperLAN/1 (HIgh PErfor-
mance Radio LAN) [6–10] type 1 protocol, and HiperLAN/2 was ratified in 

1Personal Digital Assistant
2http://www.ieee.org
3http://www.etsi.org
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Figure 1.1: Predicted increase in mobile data (petabytes) between 2009 and 2015 

2000. Even though the HiperLAN standards share similarities with the IEEE 
802.11 protocol family e.g. defining physical layer (PHY) and medium access 
control, the HiperLAN standards did not find a wide acceptance. 

The IEEE released the first IEEE 802.11 protocol in 1997, which was sub-
sequently ratified with the introduction of the IEEE 802.11a [11] and the IEEE 
802.11b [12] protocol in 1999. However, the initial IEEE 802.11 protocol [13] 
was developed to support best effort traffic, such as Web or Email traffic, only, 
and therefore does not provide any quality of service (QoS). Due to an increas-
ing demand of real-time multimedia traffic that require some level of QoS, the 
IEEE ratified a new IEEE 802.11e protocol [14] in 2005 which has subsequently 
been included in the new specification of the IEEE 802.11 protocol [4] in 2007. 
The IEEE 802.11e protocol extension enhances the IEEE 802.11 medium ac-
cess control (MAC) by introducing two new access control mechanisms, the 
enhanced distributed channel access (EDCA) and the HCF controlled channel 

access (HCCA), both of which we will discuss in more detail in Chapter 2, and 
also allows the modification of several MAC parameters that were previously 
fixed. Consequently, it is now possible to differentiate between different traffic 
types or set different priorities to different stations (access point (AP) and/or 
wireless node), thus allowing the fine tuning of the system performance for 
specific environments. 

With increased computing power and capabilities of mobile devices, and 
in particular smart-phones, it appears to be a natural progression to use voice 
over IP (VoIP) applications on wireless devices. Voice over IP already enjoys 
a widespread use in the consumer and the commercial space. For example, 
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there are more than 180 VoIP providers in Australia alone [15], excluding pop-
ular VoIP applications such as Skype4 and Google Talk5. One of the partic-
ular attractions of VoIP is the potential cost savings it can provide compared 
to traditional (copper-based) telephone services (PSTN6) [16] and cell phone 
communication. 

Even though the use of VoIP over WLANs seems a natural development 
it has proven to be a challenging area, because the design of the IEEE 802.11 
protocol [4] and in particular the medium access control (MAC) severely limit 
the number of VoIP calls that can be supported in a WLAN. We have shown 
that in an IEEE 802.11b WLAN the number of voice conversations is limited to 
6 or 7 [17]; far fewer than the 100+ VoIP calls that would be expected based on 
simple bit rate calculations. Therefore the primary focus of this work is to study 
voice over IP traffic in wireless networks and provide solutions to overcome the 
limited VoIP capacity, as we will discuss in the next section in more detail. 

1.1 Aim and Scope 

In the previous section we have briefly outlined that the limited number of VoIP 
calls that can be supported in an IEEE 802.11 WLAN is a major drawback to 
the success of wireless voice over IP. As we will discuss in more detail later 
on, the limited number of VoIP calls is caused by the access point (AP) in an 
infrastructure WLAN, because all traffic to and from all wireless devices in 
the network has to pass through the central AP, which is a bottleneck. Hence 
the main aim of this work is to gain a better understanding of the interactions 
between VoIP traffic and the MAC protocol at a station that limits the number 
of VoIP calls. Based on our analysis we provide solutions that address the 
shortcoming and we show that these solutions are a viable option for improving 
both the VoIP capacity and the overall system performance. 

Even though there have been numerous proposals in the literature to over-
come the limited VoIP capacity, a variety of these proposals among other things 
require significant changes to hardware, software or the network protocol, or 
only provide a marginal increase in VoIP capacity. We discuss some of the pro-
posals in Chapter 2 and highlight their individual advantages and shortcomings. 
We demonstrate that there are no proposals which significantly improve perfor-
mance without requiring hardware and standards changes, which is the main 

4http://www.skype.com
5http://www.google.com/talk
6Public switched telephone network
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focus of this thesis. 
In order to analyze and understand the reasons behind the limited VoIP ca-

pacity in an IEEE 802.11 infrastructure WLAN, in Chapter 3 we develop a de-
tailed analytical model that captures the interactions between VoIP traffic and 
the QoS MAC protocol (EDCA) at a station (access point or wireless node). 
Using the insight we gain from the analytical model allows us to develop solu-
tions to tackle the limited number of calls. In particular, the analytical model 
captures the behavior of the QoS mechanism of the IEEE 802.11 protocol, and 
hence allows us to fine tune the parameter settings such that an optimal solution 
is developed. 

In our work we have made an explicit decision to approach this problem 
in such a way that any solution we propose can be implemented widely and 
rapidly. In particular, from our point of view, an ideal solution to address the 
limited VoIP capacity: 

1. Does not require changes to hardware, software7 or the wireless protocol 
and no additional hardware or specialized software is required, 

2. Should allow a swift and uniform deployment with existing hardware, 
software and protocols, 

3. Has to provide a significant increase in number of VoIP calls supported, 
rather than a minor adjustment, 

4. Should increase the overall system performance rather than increase the 
performance of a single network device, i.e. the AP only, 

5. Has to be versatile such that the solution can be used in different environ-
ments, i.e. different physical layers, and with different parameter settings, 
e.g. change to the QoS parameter of the IEEE 802.11 QoS mechanism, 
which we discuss in Chapter 2, 

6. Should ensure a high level of VoIP call quality as measured using the 
mean opinion score (MOS) [18] or the R − value of the ITU-T E-model 
[19]. 

In this work we will focus on the VoIP capacity in terms of number of 
VoIP calls that can be maintained with an acceptable level of quality. Even 
though other measures such as UDP throughput [20, 21] may provide a more 

7Software here means for example the VoIP client or software running on the WLAN in-
frastructure, e.g. the AP. 
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fine grained insight into the performance of wireless VoIP, using the number of 
VoIP calls is a more relevant measure of system performance. Nevertheless, we 
will also consider other performance metrics to support our results. 

Our analytical model not only allows us to gain an insight into the interac-
tions between VoIP traffic and the MAC protocol, such as the average number 
of transmission attempts required to successfully transmit a packet between two 
stations, it also allows us to study changes to the system behavior if external8 

parameters are changed. In Chapter 4 we study the buffering requirements of 
voice over IP traffic at a station. By analyzing the buffering requirements, we 
can gain a further insight into the VoIP-MAC interactions by inspecting the 
queue utilization, the delay and packet loss, and whether changes to the buffer 
size affects the system performance. We show that there is a minimum buffer 
size that maximizes the VoIP capacity in WLAN, and that VoIP capacity is in-
dependent of the buffer size, given this minimum buffer. To validate our finding 
that the number of voice conversations is independent of the buffer at a station, 
we modify the model developed in Chapter 3 to allow the investigation of the 
VoIP capacity when there is an infinite buffer space at a station. Based on the 
updated model we present a closed-form expression for VoIP capacity in an 
infrastructure WLAN. Using the insight that we can gain from the analytical 
model, we propose a novel VoIP capacity approximation formula that can be 
used to determine the VoIP capacity in conjunction with the adjustable QoS 
parameter of the IEEE 802.11e protocol [14]. 

Even though the current IEEE 802.11 protocol provides QoS to different 
voice streams and the IEEE continues to improve current and new standards, 
i.e. the IEEE 802.11n protocol [22], there are additional means to improve the 
VoIP capacity in an IEEE 802.11 infrastructure WLAN. In Chapter 5 we pro-
pose dynamic voice codecs in conjunction with traffic prioritization to gain a 
further VoIP capacity increase. We also focus on supporting the highest possi-
ble call quality for all voice calls. Based on the traffic prioritization and the dy-
namic voice codecs we propose the novel dynamic codec with priority (DCwP) 
scheme. To show the benefits of the proposed DCwP scheme we develop an 
analytical model based on the analytical model presented in Chapter 3. To eval-
uate the call quality, we use the ITU E-model. 

In our early chapters we consider wireless networks where VoIP is the only 
traffic. However, in a real network the VoIP traffic has to compete for chan-

8External parameters are parameter settings that are not related to the channel access, such 
as PHY or changes at a station, e.g. queue management algorithm. 
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nel access with stations sending and receiving other traffic types. In Chapter 6 
we investigate the impact of TCP streams on the VoIP capacity in WLAN. We 
begin by showing how the different channel access mechanism copes with mul-
tiple traffic types. Once we have established a base case, we study if a further 
VoIP capacity gain can be achieved using our proposed solution. However, we 
do not limit our analysis to the VoIP capacity only, and we also study how our 
proposed solution affects the TCP data flows, in terms of maximum aggregated 
throughput that can be maintained. Despite there being considerable work pub-
lished on TCP flows over WLAN, we believe our analysis is the first to provide 
a complete picture that integrates uplink and downlink TCP flows, parameter 
changes to the TCP traffic and also changes to the priority of VoIP traffic. 

1.2 Outline 

The thesis is organized as follows. In Chapter 2 we provide background on 
Voice over IP in wireless networks. This chapter has two parts, i) a general 
overview of voice over IP and ii) details about the IEEE 802.11 protocol. In the 
first part we highlight the differences between server-based and peer-to-peer 
VoIP and discuss the different VoIP protocols such as the Session Initiation 

Protocol (SIP) [23] and the ITU-T H.323 [24] protocol. We then discuss differ-
ent voice codecs and outline differences between constant bit rate, variable bit 

rate and dynamic voice codecs, before we provide details about the voice call 
quality and how it can be measured. In the second part we focus on background 
information regarding the IEEE 802.11 protocol. In particular we discuss the 
different network architectures before we focus on the medium access control 

(MAC) of the IEEE 802.11 protocol. This is followed by a summary on the 
Quality of Service (QoS) provisioning in the IEEE 802.11e protocol [14]. Fi-
nally we present the relevant literature in this area and identify the research this 
thesis addresses. 

In Chapter 3 we discuss a solution to improve the limited VoIP capacity 
based on the IEEE 802.11 QoS mechanism. To show the benefits of our solu-
tions, we develop a detailed analytical model. We validate our analytical results 
by simulation and testbed measurements, both of which are discussed in detail 
in Section 3.5. We first confirm the limited number of voice calls using our 
model, by comparing the results obtained with those in the literature. We then 
show the voice capacity increase that can be gained by our proposal and we 
show that our solution outperforms similar solutions described in the literature. 
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In particular, we identify that our solution is optimal in terms of voice capacity 
and overall system performance. We extend our analysis and show that the solu-
tion is versatile such that it can be used for variable bit rate voice flows. Before 
we provide a summary of this chapter, we investigate if a further capacity gain 
can be achieved when the proposed solution is used in conjunction with other 
QoS parameter introduced in the IEEE 802.11e protocol, and we show that our 
proposed solution is optimal and further changes to other QoS parameters will 
not result in a further capacity gain. 

The impact of the buffer size is the main focus of Chapter 4. We show that 
the voice capacity is independent of the buffer size. Based on our findings we 
develop a closed-form expression for the number of voice calls that can be sup-
ported when there is no buffer limitation at a station and the proposed solution 
of Chapter 3 is used to improve the number of acceptable voice calls. We show 
that our model can be used to rapidly obtain the VoIP capacity even if vari-
able MAC and/or QoS parameters are considered. Furthermore, our model also 
captures variable internal parameter changes such as changes to the collision 
probability based on the arrival rate that may not be possible with other alterna-
tives [2,25] that use real testbed measurements. Also in this chapter we propose 
a novel VoIP capacity approximation equation based on the closed form expres-
sion. Using this approximation allows us to gain further insight into the VoIP 
capacity in WLAN. In particular it allows a further investigation into the upper 
bound of the voice capacity as discussed in Chapter 3. 

In Chapter 5 we propose a novel scheme whereby we exploit a tradeoff 
between voice call quality and channel access priority to further improve the 
performance and quality of the voice calls in WLAN, compared to the solution 
used in Chapter 3. Whereas in our first proposal to improve VoIP capacity, all 
voice calls experience an unacceptable voice call quality once the WLAN be-
comes saturated, this novel scheme allows a further capacity gain while main-
taining a high level of call quality. To show the benefits of this scheme, we 
derive an analytical model and use simulation. The detailed analytical model 
also allows us to study the interactions between the high and low priority VoIP 
traffic. In particular we provide details about the internal collision at a node, 
and show that the total collision probability can be obtained using a simple re-
cursive expression. This is of particular interest, because the internal collision 
at a node has not been widely studied, and is commonly neglected [26]. 

Whereas the previous chapters were only concerned with VoIP traffic, in 
Chapter 6 we discuss the impact of concurrent TCP flows in the WLAN on 
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the voice capacity. Here we will show the difference in voice capacity as well 
as TCP throughput for the different channel access functions as well as our 
proposed dynamic codec scheme of Chapter 5. 

We conclude our work in Chapter 7 and provide an outlook on future re-
search. 

1.3 Contributions 

Overall, our contributions in this work can be summarized as follows: 

1. We develop a detailed analytical model to obtain the maximum number 
of voice calls an IEEE 802.11 infrastructure WLAN can support with an 
acceptable quality. A significant contribution of our model is the accurate 
modeling of the EDCA backoff mechanism. As there is a difference in the 
way the backoff counter is decremented in DCF and EDCA, compensa-
tion for the difference is required, which is captured by our model. Then 
using this model we confirm the limited voice capacity. We show that the 
channel access mechanism rather than bandwidth limits the voice capac-
ity, by considering the higher bandwidth wireless networks based on the 
IEEE 802.11a/g standard. Here we show that even though the bandwidth 
in an IEEE 802.11a/g WLAN is approximately five times that of an IEEE 
802.11b WLAN, the voice capacity does not increase by the same factor. 
Furthermore we show that our analytical model is versatile and can also 
be applied to investigate variable bit rate VoIP flows, and we show that 
assumptions made in [27] to obtain the voice capacity for variable bit rate 
voice flows induces imprecisions (Chapter 3). 

2. Using our analytical model, we evaluate a solution based on the IEEE 
802.11 QoS mechanism, and we show that a significant (≈ 100%) voice 
capacity gain can be achieved with this solution. In particular, the so-
lution provides priority to the AP only and is based on the transmission 
opportunity (TXOP), that is specified as the duration of uninterrupted 
channel access upon gaining access, and is defined by the T XOP Limit 

parameter of the IEEE 802.11 MAC protocol. In particular we show that 
we can achieve the same capacity gain as reported in [2], but with a small 
value of T XOP Limit parameter, that guarantees an overall higher sys-
tem performance. Furthermore, we show that the voice capacity is still 
limited even if an arbitrarily large value of T XOP Limit is set at the 



9 1.3 Contributions 

AP, and that there exists an asymptotic value for the maximum number 
of voice calls in a WLAN. Specifically, we show that our proposed val-
ues of T XOP Limit are optimal in terms of VoIP capacity and overall 
system performance and that larger values of T XOP Limit will not re-
sult in increased capacity. We confirm that this optimal value maximizes 
the voice capacity in WLAN without compromising the performance of 
the wireless voice nodes. In particular, we show that setting larger than 
the optimal T XOP Limit parameter at the AP will trigger a bottleneck 
shift from the AP to the wireless voice nodes. Then we show that using 
an increased T XOP Limit with different sizes of the contention window 
has only a marginal impact on the voice capacity, and conclude that the 
T XOP Limit is an ideal parameter to use to increase the voice capacity 
in an IEEE 802.11 infrastructure WLAN (Chapter 3). 

3. We investigate the impact of the buffer size at a station, and show that 
there is a minimum buffer size (Kmin) with which the voice capacity in 
an IEEE 802.11 infrastructure WLAN is maximum and further increas-
ing the buffer will not increase the number of calls that can be supported. 
In particular we show that the voice capacity is independent of the buffer 
size for buffer sizes K ≥ Kmin. Based on the M/G/1/K model de-
veloped in Chapter 3 we derive a queueing model with infinite buffer 
space (M/G/1/∞), and show that both models are in good agreement 
for a wide range of parameters, supporting our claim that VoIP capacity 
in IEEE 802.11 WLANs is independent of the buffer size. Based on the 
M/G/1/∞ queueing model, we develop a closed-form expression for 
the number of voice conversation that can be supported. We show that a 
similar voice capacity gain can be achieved in this model, when access 
preference is given to the AP using the aforementioned T XOP Limit 

parameter to boost the VoIP capacity. Finally, we show that the buffer 
independence also holds if variable bit rate voice streams are considered. 
(Chapter 4). 

4. Based on the aforementioned M/G/1/∞ queueing model, we propose 
a novel way to obtain the voice capacity in an IEEE 802.11 WLAN, and 
propose the VoIP Capacity Approximation. We show that this approxima-
tion matches results obtained using the M/G/1/K and the M/G/1/∞ 
model for a wide range of parameter settings, such as T XOP Limit or 
codec sampling rates. Additionally, the VoIP capacity approximation al-
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lows us to gain further insight into the voice capacity in WLAN. We ana-
lytically confirm the asymptotic value for the voice capacity and show the 
interactions of VoIP packets in the uplink and downlink direction when 
the adjustable T XOP Limit parameter of the IEEE 802.11 MAC proto-
col is applied at the AP (Chapter 4). 

5. We propose a novel scheme based on dynamic voice codecs to reduce 
the overall contention in a highly congested WLAN. We show that this 
scheme improves the voice capacity in WLAN between 16% and almost 
300% while maintaining an acceptable quality for all individual calls. 
Here we also use the ITU-T E-model to obtain the call quality for dif-
ferent network conditions. To show the benefits and performance of our 
proposed scheme, we develop a detailed analytical model to obtain the 
voice capacity in a multi-codec environment, that also takes the internal 
collision at the AP into account. For the latter, we show that the colli-
sion probability of a low priority packet can be obtained using a simple 
recursive expression (Chapter 5). 

6. Finally we analyze the impact of TCP streams on the VoIP capacity in 
IEEE 802.11 infrastructure wireless networks. In particular, we first show 
the difference in VoIP capacity and TCP throughput when the channel ac-
cess is controlled by DCF and EDCA. We then focus on improving VoIP 
capacity and TCP throughput. Here we show that using the T XOP Limit 

solution to give preference to VoIP traffic not only increases the number 
of calls that can be supported, furthermore we show that this solution 
also protects in the TCP streams, leading to a higher aggregated TCP 
throughput. Finally, we evaluate the performance of our proposed dy-
namic codec with priority scheme when WLAN is shared between VoIP 
and TCP streams. We show that our proposed scheme is superior in terms 
of number of voice calls and aggregated TCP throughput when compared 
with the T XOP Limit solution for different scenarios (Chapter 6). 



2
Background 

In this chapter we provide some required background information on voice over 
IP (VoIP) and the IEEE 802.11 protocol [4]. In particular, we discuss the differ-
ent VoIP protocols, voice codecs and methods to evaluate the voice call quality. 
In the discussion of the IEEE 802.11 protocol we focus on the medium access 

control (MAC) protocol, because, as we will show later on, the MAC protocol 
has a significant impact on the performance of voice flows in WLANs. Addi-
tionally we outline some of the protocol improvements and in particular discuss 
the quality of service (QoS) provisioning in IEEE 802.11 WLAN. Furthermore 
we outline some of the challenges that need to be tackled when VoIP is used in 
wireless networks, and we provide a brief summary of some of the related work 
in this area. 

This chapter is organized as follows. In Section 2.1 we provide a general 
overview of VoIP that includes the different VoIP network topologies, protocols 
and voice codecs. We discuss how VoIP quality can be measured using the 
common ITU E-model and the mean opinion score. This is followed by an 
overview of IEEE 802.11 WLANs in Section 2.2, that includes the different 
architectures and the wireless medium access control, followed by some details 
about provisioning of quality of service in WLANs. In Section 2.3 we present 
a literature review focusing on the limited VoIP capacity, proposed solutions 

11 
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to improve the number of VoIP calls, as well as literature discussing buffer 
requirements, dynamic voice codecs and the impact TCP data flows have on the 
number of VoIP calls that can be supported. We conclude with a brief summary. 

2.1 Voice over IP - An Overview 

Voice over IP (VoIP) or internet telephony is one of the fastest growing services 
on the Internet today [28–30]. The market share of long distance calls of Skype 
for example has risen from 8% in 2008 to above 12% in 2010 [31]. Further-
more, the number of Skype calls is increasing, whereas the number of phone 
calls using the common public switched telephone network (PSTN) is stagnat-
ing [32, 33]. Even though security of VoIP services, and in particular Skype is 
still a concern [34–37], many consumers and businesses now use VoIP services 
to lower their communication costs. For businesses, the cost reduction can be as 
significant as 50% [16]. In the consumer space real cost benefits are provided 
by so-called VoIP flat-rates [38] where a user pays a monthly fee and is not 
charged for any individual calls. Examples of such flat-rates are the Vonage1 

“U.S. Canada Unlimited” plan or PennyTel’s2 “Crazy Talk” plan. Even though 
there is an increasing number of VoIP providers, for example, there are more 
than 300 VoIP providers in Australia [15] alone, Skype appears to be predomi-
nant in the VoIP market. In a recent VoIP market analysis [39] it is reported that 
50% of the participants in that study use Skype, exceeding the market share of 
other popular providers such as Verizon or AT&T in the United States. 

2.1.1 VoIP architectures 

Whereas a PSTN is based on an hierarchical topology as shown in Fig. 2.1 and 
the calls are routed through the hierarchy from the caller to the callee, voice 
over IP uses the underlying IP network, i.e. the Internet, to route the call, and 
thus can be independent of the hardware hierarchy. However, depending on the 
VoIP implementation there are two types of VoIP architectures - a client-server 

architecture and a peer-to-peer (P2P) architecture, both of which we will now 
briefly discuss. 

1http://www.vonage.com
2http://www.pennytel.com.au
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Figure 2.1: Public Switched Telephone Network (PSTN) 

Client-server VoIP 

A client-server VoIP architecture shares some similarities to a PSTN. In this ar-

chitecture the individual VoIP clients (hardware and/or software) are connected 

to a corresponding VoIP server, similar to a PBX. The VoIP server is then con-

nected to a different network such as the Internet or a private LAN. Such an 

architecture is common where a VoIP infrastructure replaces the PSTN, such as 

in office environments. Examples of such a topology is an infrastructure based 

on the Cisco Call Manager3 or the free iptel.org 4 service based on the SIP Ex-

press Router (SER)5, where the different VoIP clients connect to the server for 

user authentication as well as additional services, such as call restrictions. 

In a client-server VoIP architecture the voice calls are commonly end-to-end 

(E2E), meaning voice stream is directly exchanged between the VoIP clients. 

As we will discuss later on, this is not necessarily the case in peer-to-peer VoIP. 

As depicted in Fig. 2.2, the VoIP server can also share a connection with PSTN 

gateways to allow a seamless integration of VoIP with the PSTN. 

3Cisco Unified Communications Manager - http://bit.ly/n9ix7R
4http://www.iptel.org
5http://www.iptel.org/ser/
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Figure 2.2: A client-server VoIP architecture 

Peer-to-peer VoIP 

A peer-to-peer (P2P) VoIP topology does not require a central VoIP server, since 

the connection between the different nodes is established using an overlay net-

work [40–42].  The most popular P2P VoIP application is Skype6. The advan-

tage of P2P VoIP is that the communication between the nodes relies solely on 

the underlying Internet infrastructure, and hence there is no need for dedicated 

VoIP infrastructure such as VoIP servers or gateways. Because there is no ded-

icated VoIP infrastructure, services such as Skype can offer free calls between 

their users. 

Whereas early peer-to-peer applications like Napster7 used a centralized di-

rectory  server  to  discover  the  resources,  modern  P2P  applications,  including 

Skype, use a decentralized directory infrastructure. In Fig. 2.38 we show a styl-

ized  decentralized  directory  Skype  overlay  network.  As  shown,  a  variety  of 

nodes connect to a group-leader [40] (Skype supernode),  who in turn are in-

terconnected to route traffic between them.  The impact of supernodes on the 

network has been studied in [43–45]. 

2.1.2 Protocols 

Irrespective of the VoIP architecture,  the basis of Voice over IP calls is a set 

of  communication,  media  and  transport  protocols. In  Figure  2.4  we  show  a 

6https://support.skype.com/en/faq/FA10983/What-are-P2P-communications 
7http://www.napster.com 
8Note  that  the  “S”  is  the  common  Skype  logo  and  represents  an  individual  Skype  node 

(small) and a super-node (large) 
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Figure 2.3: Skype peer-to-peer infrastructure 

stylized diagram of how VoIP works (once the initial connection has been es-
tablished). In this scenario we assume that Bob is talking to Alice. Bob first ini-
tiates the call using a communication protocol (not shown). The spoken phrase 
“What is VoIP” is digitized by the voice codec (media protocol) and then trans-
mitted as IP packets (transport protocol). Once Alice receives the IP packets, 
the voice codec decodes the information and replays the message. If either Bob 
or Alice hang-up, the communication protocol will terminate all open connec-
tions between Bob and Alice. 

What is 
VoIP?

VoIP 
codec

IP Packet
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00
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IP Packet

VoIP 
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Packet transmission
over IP network

Bob Alice

Figure 2.4: Stylized diagram of Voice over IP 

Each protocol plays a vital part in the voice over IP communication, and we 
will discuss each protocol type in the following. 
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Communication protocol 

The communication or signaling protocol of voice over IP is used to manage 
the call. This includes call creation, call modification and call termination. 
Depending on the protocol it may also manage the VoIP service registration 
and authentication. 

There are a variety of different VoIP communication protocols. However, 
the two predominant protocols today are the Session Initiation Protocol (SIP) 
[23] and the ITU-T H.323 protocol [24]. Both protocols have been widely im-
plemented by a variety of manufacturers and are used in a client-server VoIP 
architecture in conjunction with SIP proxies and SIP registrars or H.323 gate-
keepers as well as gateways to connect to the PSTN. Even though the additional 
VoIP infrastructure (SIP proxy/H.323 gatekeeper) are not mandatory, they are 
commonly used for user authentication and allowing access to the VoIP network 
and provide additional VoIP services such as ENUM9 [46, 47] or media proxy 
services required for firewall and NAT10 traversal [48]. 

Because of the popularity of peer-to-peer networks different communication 
protocols have been developed. Whereas VoIP applications such as Skype use 
a proprietary communication protocol where only a few details are known [49– 
51], other applications such as Google Talk use an open XMPP/Jabber protocol 
[52] as a peer-to-peer communication protocol. 

In spite of the different VoIP architectures, the communication protocol in 
client-server and peer-to-peer VoIP work in a similar way and the process of a 
VoIP call establishment is stylized in Fig. 2.5. As shown, a call is initiated by a 
call request, and answered by a call answer, and the call is established (media 
exchange), before a call termination request terminates the voice call. Note that 
some VoIP applications allow the characteristics of the call, such as the voice 
codec to be modified during the call. 

Media protocol 

The media protocol is implemented by way of a so-called voice codec. A voice 
codec converts an analog audio signal to a digital audio signal and vice versa. 
There are many different voice codecs available, each designed to suit spe-
cific requirements or applications. For example, the AMR (Adaptive Multirate) 
voice codec11 is the mandatory voice codec for 2.5G/3G wireless communica-

9E.164 NUmber Mapping
10Network Address Translation
11http://www.3gpp.org/ftp/Specs/html-info/26090.htm
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Figure 2.5: VoIP call control 

tion based on a GSM12 network and has been standardized by ETSI. Initially, 
GSM networks used a so-called Full Rate voice codec [53] based on the RPE-
LTP (Regular Pulse Excitation Long-Term Prediction) speech coding. How-
ever, newer GSM systems use different codecs such as EFR (Enhanced Full 
Rate), ACELP (Algebraic Code Excited Linear Prediction) or CELP-VSELP 
(Code Excited Linear Prediction - Vector Sum Excited Linear Prediction). Other 
codecs such as the ITU G.711 [54] or ITU G.729 [55] voice codec were de-
signed for traditional telephone systems to guarantee a high call quality. These 
codecs have also been adopted in VoIP telephony. With the increased use of 
VoIP, other high quality codecs such as G.722.1 [56] have been developed to 
support additional features. The G.722.1 codec for example, provides 7Khz 
stereo quality for VoIP. We discuss some of the common voice codecs and some 
of their properties in more detail in Section 2.1.3. 

Transport protocol 

Finally, the transport protocol is used to transmit the voice data over the IP 
network. As voice over IP data is time sensitive, UDP/IP is commonly used as 
the transport protocol. This is because UDP is better suited to voice transport 

12GSM stands for Global System for Mobile Communication, and is a standard for cellular 
communication 
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than TCP since it has a lower latency. To provide some reliability, some VoIP 
applications use the real-time transport protocol (RTP) [57], which adds timing 
information as sequence numbers. This allows the receiver to determine delay 
adequately and identify out of order packets. 

2.1.3 Voice codecs 

In the previous section we provided a brief overview of the media protocol 
and outlined that this protocol is implemented by way of a voice codec. In 
this section we provide more details on common voice codecs. To differentiate 
between the different voice codecs and their individual properties, we classify 
each voice codec either as static, variable or dynamic voice codec, which we 
define in the following. 

Static voice codecs 

A static voice codec is a voice codec that generates a constant bit rate (CBR) 
voice stream. A static voice codec generates a voice flow with a constant bit 
rate, where the voice packets have an equal payload size and are sampled at a 
constant interval. 

An example of a constant bit rate voice codec is the ITU G.711 voice codec 
[54], also known as Pulse Code Modulation (PCM). This voice codec has a 
sampling rate of 8000 samples per second and each sample is encoded using 8 
bits. Therefore the G.711 voice codec has a bit rate of 8000 × 8 = 64000 =

64kbit/s. Depending on the sampling interval of the codec, the ITU G.711 voice 
codec generates 100 packets/s, each with a payload size of 80 bytes when a 10 
ms sampling interval is used, or 50 packets/s with a payload size of 160 bytes for 
a 20 ms sampling interval. Different VoIP codecs generate a different constant 
bit rate voice stream as it depends on the payload size and the sampling rate, 
and is a tradeoff between efficiency and latency. In particular, the bit rate of a 
codec can be calculated based on the payload size L and the sampling interval Λ
using Rb = (L × 8)/Λ. In Table 2.1 we show the different bit rates for different 
voice codecs. 

Variable voice codec 

Unlike a CBR voice codec, a variable voice codec generates a variable bit rate 

(VBR) voice stream. These codecs generate a voice packet of a fixed pay-
load size only if there is actual data to be sent, i.e. a user is not silent. These 
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Voice codec Bit rate 
G.711 64 kbit/s 
G.729 8 kbit/s 

G.723.1 5.3/6.3 kbit/s 
G.726 24/32 kbit/s 
G.722 64 kbit/s 
iLBC 13.33/15.2 kbit/s 

Table 2.1: Bit rate of different voice codecs 

codecs support the discontinued transmission (DTX) of the voice activity de-

tection (VAD) to recognize if a user is talking or not (generating data or not). 
Note that the G.729 Appendix B and the G.711 Appendix II define DTX and 
VAD for G.729 and G.711 voice codecs, thus supporting VBR voice streams 
for both types of codecs. 

During a regular voice conversation between two parties A and B, there 
are times when A is talking (talk-spurt) and B is listening, when A is listening 
while B talks (talk-spurt), when A and B are silent (mutual silence) and there 
are times when A and be B will talk at the same time (double-talk). Due to 
this “on-off” behavior the codec generates a variable number of packets, which 
results in a variable bit rate voice stream. The ITU-T P.59 [3] standard provides 
a guideline for the duration of each of the scenarios above. In our analysis in 
later chapters we provide more details and apply the recommended values of 
the ITU-T P.59 protocol when variable bit rate voice streams are considered. 

Dynamic voice codecs 

Research and development has lead to new types of codecs, which we define 
as dynamic voice codecs. As discussed in the previous section, a VBR codec 
generates a variable bit rate voice stream by transmitting packets only when 
there is data to send. However, the payload size of the packets in a VBR stream 
does not change. For example, each packet has an 80 byte payload if a G.711 
voice codec13 with a 10 ms sampling rate is used with DTX. A dynamic codec 
on the other hand not only generates a voice stream with a variable number of 
packets, but the payload size can also be adjusted to accommodate changes in 
network conditions, such as packet loss or a high level of contention in WLANs. 
These new codecs are designed to provide a high level of quality in all types of 
networks, from dial-up to fiber connections. An example of a dynamic voice 

13The G.711 Appendix II defines the DTX algorithm which used the voice activity detection 
(VAD) and comfort noise generation (CNG) to reduce the bandwidth use. 
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codec is SILK [58] used in Skype version 4. The SILK codec has been designed 
such that it can adjust its bit rate, packet rate, the packet loss resilience and uses 
DTX to cope with variable changes in the network condition. 

Summary 

In summary, each voice codec generates a different voice stream with differ-
ent properties. We show an example of the difference in packet flow of static, 
variable and dynamic voice codecs in Fig. 2.6. Note that the numbers indicate 
the payload size in bytes, i.e. 80 bytes. As shown, the inter-arrival times of 
the static packets is constant, whereas the inter-arrival time for the variable and 
dynamic codecs change. Also note that the payload size for static and variable 
bit rate do not change. 
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Figure 2.6: Stylized packet flow of a static (top), a variable (middle) and a dynamic 
(bottom) voice codec. 

2.1.4 Voice call quality 

In the previous sections we have discussed some of the requirements and back-
ground information on voice over IP. However, a successful VoIP call also de-
pends on the user perceived quality of the call, such as the clarity of a voice call 
or the lag of the received voice. As in a VoIP conversation the spoken voice is 
digitized and transmitted over an IP network, the quality of the received voice 
may be reduced, depending on delay or packet loss. Beside packet loss, delay 
or jitter, there are also other interferences that reduce the user perceived call 
quality. For example, “echo” in a connection, whereby a speaker can hear its 
own words as an echo can be perceived as annoying and hence the user per-
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ceived call quality may be unacceptable. Also, varying volumes may also be 
interpreted as bad audio quality. 

In Fig. 2.7 we show the six different levels of user satisfaction ranging 
from “Very satisfied” to “Not recommended” based on the mean opinion score 

(MOS) and the R − value of the ITU E-model, both of which we discuss in 
more detail later on in this section. 
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Figure 2.7: User satisfaction comparison measure as MOS and R-value 

To evaluate the performance, efficiency and quality of voice over IP, dif-
ferent measures can be used to determine a level of voice call quality. These 
measures should incorporate the different quality impairments as we discuss 
later on as well as the user perception. This is because each user has a different 
level of tolerance of what is an acceptable level of delay for example. 

In the following we discuss the different quality impairments and how they 
affect the user perceived call quality. This is followed by an overview of two 
common means of obtaining a quality measure of voice calls, namely the E-
model defined in the ITU G.107 recommendation [19] and the mean opinion 
score (MOS) [18]. 

Quality impairments 

As previously outlined, the user perceived voice call quality can be affected by 
different impairments. In particular we will focus on 

• Packet loss 

• Delay 

• Jitter 
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• Codec impairments 

Packet loss 

The impact of packet loss on voice quality has been widely studied for exam-
ple in [59–63] and references therein. Packet loss in the network can have a 
significant impact on the voice quality and depends on whether a single packet 
loss event occurs, or whether a burst of packets is lost. Irrespective of the type 
of packet loss, packet loss results in the voice data being incomplete which 
can lead to a “choppy”14 audio (voice) playback. As voice traffic is commonly 
transported using the UDP/IP transport protocol, there is no retransmission of 
lost voice packets, thus resulting in call quality deterioration, depending on the 
severity of the packet loss. Whereas low packet loss (e.g. < 2%) may not be 
audible to the receiver, higher level of packet loss (e.g. > 2%) may be audible, 
up to a point where the call quality is no longer acceptable [17, 64–66]. 

To compensate for packet loss, some voice codecs use forward error correc-

tion (FEC) [67] or packet loss concealment (PLC) [68–71]. These codecs may 
provide an acceptable call quality even if high (» 2%) packet loss occurs [72]. 

Delay 

During the transmission of packets from the sender to the receiver, packets 
experience different delays, for example delays at a router, the backoff delay 
caused by the MAC mechanism or queueing delays at intermediate nodes, such 
as at an AP in an infrastructure WLANs. The ITU-T G.114 standard [19] spec-
ifies that delays of up to 400ms can still provide an acceptable call quality. In 
particular, it is defined that the call quality is “excellent” for delay of up to 150 
ms, still “acceptable” for delays between 150 ms and 400 ms and whenever 
the delay exceeds the 400 ms threshold, the call quality is no longer acceptable 
(”poor”). Different acceptable delays are used in the literature. For example, 
a 60 ms delay bound is applied in [27], whereas [73] and [64] use a 150 ms 
and 200 ms delay budget. The difference in delay budget is because the G.114 
standard defines the delay as the mouth-to-ear delay, which includes the entire 
path between sender and receiver, whereas in the literature the delay bound is 
often set for the one-hop WLAN, e.g. for transmission between the AP and the 
wireless node and vice versa. Also note that the acceptable delay depends on 
the users’ tolerance of what is a tolerable delay. 

14Example audio files with different levels of packet loss and other impairments can be found 
at http://www.voiptroubleshooter.com/sound files/ 
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Jitter 

Jitter, or the packet delay variation (PDV) is another network impairment of the 
call quality. In ideal conditions, a CBR VoIP codec generates a stream of data 
packets that are transmitted at regular intervals and therefore have a constant 
delay and inter-arrival time, that is a PDV of zero. Due to changing network 
conditions such as an increasing level of contention in the WLAN, the packet 
inter-arrival times change. To compensate for these variations, VoIP applica-
tions use a play-out buffer to smooth any larger changes in the inter-arrival time. 
It was shown that modern VoIP applications such as Skype or Google Talk can 
adapt the play-out buffer size to some degree, to compensate for larger fluctu-
ation in inter-arrival time, traffic bursts and out-of-order packets [74]. Packets 
arriving past their play-out time are discarded on the node resulting in local 

packet loss. Note that VBR and dynamic voice flows have a higher jitter due to 
the flow behavior. 

Even though jitter is an important factor for the voice call quality, our analy-
sis using simulation and testbed measurements have shown that commonly the 
jitter is acceptable such that any variable changes in the inter-arrival of VoIP 
packets can be smoothed by the play-out buffer at the receiver. In particular, the 
observed jitter during our experimental analysis was well below the play-out 
buffer size for Skype, Google Talk and MSN Messenger as reported in [74]. 
Note however that the total delay may be increased due to the buffering of 
packets in the play-out buffer at the VoIP client and is dependent on the play-
out buffer size [75]. 

Codec impairments 

Beside packet loss, delay and jitter, which we refer to as network impairments, 
the call quality can also be reduced due to codec impairments. For exam-
ple, [76] lists seven different sources of delay. However, only the coder (pro-
cessing) delay, the algorithmic delay and the packetization delay are part of 
what we consider a codec impairment, whereas the serialization delay, the 
queueing/buffering delay, the network switching delay and the de-jitter delay 
are related to the transmission of the VoIP packet as outlined in the above sec-
tions. Nevertheless, these codec impairments impact on the VoIP quality and 
depend on the underlying voice codec and equipment. For example, the best 
case coder delay, i.e. the time required for the digital signal processor to com-
press a block of PCM samples, for a G.729 voice codec is 2.5 ms, whereas the 
worst case is 10 ms [76]. Similarly for the G.723 voice codec the best case is 5 
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ms and 20 ms for the worst case, respectively. Then depending on the scenario, 
the different codec impairments, e.g. the delays, can be a significant overhead, 
reducing the VoIP quality by increasing the overall delay. 

Measuring the voice call quality 

In the previous section we highlighted how network and codec impairments can 
affect the user perceived voice call quality. The overall call quality can be un-
derstood as a function of the listening quality, the conversational quality and 
the transmission quality [77]. To quantify the voice call quality, different meth-
ods can be used. Two of the most common quality measures are the R − value 
defined in the ITU E-model [19] and the mean opinion score (MOS) defined in 
the ITU P.800 standard [18]. Even though there are other call quality evaluation 
techniques, such as the perceptual evaluation of speech quality (PESQ) [78], we 
will focus on the R − value and the MOS, as they are predominantly used in the 
literature. 

ITU-T E-model 

The ITU-T E-model [19] specifies a measure of the user perceived call quality 
based on network metrics such as delay, loss as well as codec impairments. The 
measure of quality is expressed as a so-called R-value ranging from 0 for the 
lowest quality to 100 for the highest quality. The R-value can be calculated 
using [19] 

R = R0 − Is − Id − Ie + A 

where R0 is the basic signal to noise ratio (SNR) [19, Section 3.2], Is spec-
ifies quality impairment due to non-optimum loudness and signal-correlated 
noise, Id is an impairment caused by network delay, i.e. echo, Ie is the codec 
impairment and A defines an advantage factor, which can be understood as a 
tolerance or expectation level of a user for the call quality. An example for the 
A value, is that a user has a different expectation of call quality if a cell phone 
or a fixed-line service is used. Note that details about each individual term of 
the above equation is defined in [19], and that some default values for different 
voice codecs are given in [19, 79]. In Table 2.2 we provide an overview of the 
different R − values and the corresponding call quality levels. 

An advantage of the ITU E-model compared to MOS is that it takes network 
measurements such as delay and packet loss explicitly into account, which is not 
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R-value Quality level 
90 Excellent 
80 Good 
70 Fair 
60 Poor 
50 Bad 

Table 2.2: Voice quality level and R-values of the ITU E-model 

the case for MOS. This allows a quality measure to be obtained during an ac-
tive VoIP conversation. For example, the “technical call information” in Skype 
provides details about packet loss, delay and jitter, which could be used to de-
rive the quality measure R. As information about the assumed user perceived 
call quality can be directly derived, the VoIP service provider can immediately 
make changes to the network if the indicated call quality is considered no longer 
acceptable, if for example if the delay exceeds a predefined quality threshold. 

In Fig. 2.8 we show the R − value for a G.711 voice codec with increasing 
network delay and different values of packet loss. As shown, with an increas-
ing network delay the R − value decreases, until user perceived call quality 
becomes unacceptable at some stage. 
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Figure 2.8: R− value of a G.711 voice codec with increasing delay and different level 
of packet loss 

Mean Opinion Score 

Throughout the literature, the mean opinion score (MOS) defined in the ITU 
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P.800 standard [18] in one of the most commonly used quality measures. The 
MOS is the result of an absolute category rating (ACR) test, whereby a num-
ber of listeners each rate the quality of a replayed audio/voice stream based on 
a five-rate scale from 1 (lowest quality) to 5 (highest quality). The individual 
responses are then averaged to obtain the final MOS for a particular voice/au-
dio stream. In Fig. 2.9 we show an example of an ACR test for 250 listeners. 
As shown, in this example the majority of listeners rated the quality as “good” 
(MOS = 4), and the second highest number of listeners rated the audio/voice 
quality only as “fair” (MOS = 3). Based on this example, an overall MOS of 
3.5 can be derived and the quality can be consider “fair” to “good” as shown 
in Table 2.3. Note that the P.800 standard [18] also defines the environment in 
which the quality measurement takes place. For example, it is specified that 
the recording of the audio/voice sample should be conducted in an environment 
where the background noise is below 30 dB, and that the recording device such 
as a telephone is calibrated based on the ITU P.64 recommendation [80]. Ad-
ditionally, the audio source should consist of simple short sentences, such as 
the Harvard sentences [81] that are available online in the Open Speech Repos-
itory15 to allow consistency between different tests and environments. 
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Figure 2.9: Example of ACR results for MOS 

However, as the mean opinion score is a subjective measure of voice quality 
it can not provide a real time analysis of the voice quality. In particular, the 

15http://www.voiptroubleshooter.com/open speech/ 
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MOS does not explicitly includes packet loss or delay, as it is done in the ITU 
E-model we discussed previously. 

Nevertheless, the MOS is the most common indicator for the voice qual-
ity. Therefore, as part of the ITU E-model, an anticipated MOS score can be 
derived based on the R − value obtained using the E-model. In particular, the 
corresponding MOS based on the R − value can be calculated using [19] 

MOS = 1 + 0.035R +R(R − 60)(100− R)7e −6. 

In Fig. 2.10 we show the R − value and its equivalent MOS obtained using the 
above equation. 

0102030405060708090100
R-value

1

1.5

2

2.5

3

3.5

4

4.5

M
ea

n 
O

pi
ni

on
 S

co
re

Figure 2.10: R-value and MOS comparison 

Based on the G.114 recommendations of packet loss and delay, and using 
the above equation to obtain the MOS using the R − value, we show the MOS 
of a G.711 voice stream with a 10 ms sampling rate for increasing packet loss 
and different ranges of delay d in Fig. 2.11. Observe that whenever the packet 
loss exceeds 2%, the call quality will drop to a lower quality level, e.g. from 
4.4 to 3.9 (”good” to “fair”) for d < 150ms or from 3.5 to 2.7 (“fair” to “poor”) 
for d > 400ms. Similarly, in Fig. 2.12 we show the impact of packet loss on 
the MOS. As shown, the MOS of a G.711 voice stream with increasing network 
delay is still acceptable (MOS > 3) for delays of up to 400 ms. However, for 
delays d > 400ms the MOS will drop to below 3 (”poor”). 
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Figure 2.11: MOS of a G.711 voice stream with increasing packet loss and different 
level of network delay 
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Figure 2.12: MOS of a G.711 voice stream with increasing delay and 0% packet loss 
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MOS Quality level 
5 Excellent 
4 Good 
3 Fair 
2 Poor 
1 Bad 

Table 2.3: MOS and corresponding user perceived call quality 

2.2 IEEE 802.11 Wireless LAN 

In this section we provide an overview of some important aspects of an IEEE 
802.11 WLAN. We will briefly discuss the two types of wireless architectures -
an ad-hoc and an infrastructure WLAN, and outline the requirements to transmit 
data packets using the wireless channel. For the latter, we will focus on the 
medium access control (MAC) of the IEEE 802.11 protocol, because, as we will 
show later on, the IEEE 802.11 MAC plays a crucial part in the performance 
of VoIP in WLANs. In particular, we will discuss the different channel access 
functions and highlight some enhancements made by the IEEE groups to the 
IEEE 802.11 protocol to provide quality of service (QoS) in WLANs. 

2.2.1 WLAN architectures 

An IEEE 802.11 WLAN can consist of two types of networks, an ad-hoc WLAN 
and an infrastructure WLAN. In this section we provide a brief overview of the 
two types. 

IEEE 802.11 ad-hoc WLANs 

In an ad-hoc or peer-to-peer WLAN wireless nodes can communicate directly 
with each other forming a wireless network consisting only of wireless nodes 
without the need of a central access point. These networks are useful in situa-
tions where the central access point is not available or not required, for example, 
when sharing a file between participants during a meeting. Ad-hoc WLANs 
are not widely used for PC-to-PC communication, however, in purpose build 
networks such as sensor networks or VANETs (vehicle ad-hoc networks), ad-
hoc WLANs are common. In particular, with an increased demand of wireless 
mesh networks [82], we anticipate that more ad-hoc WLANs will be deployed. 
In Fig. 2.13 we show an example of a simple five node ad-hoc WLAN, where 
the dotted lines indicate that the nodes are within direct communication range. 
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Figure 2.13: Stylized ad-hoc WLAN 

IEEE 802.11 infrastructure WLAN 

The second type of an IEEE 802.11 WLAN is an infrastructure WLAN. In this 
type of network, the wireless nodes require a central access point (AP). All com-
munication in an infrastructure WLAN involves the AP, irrespective whether a 
wireless node communicates with a node outside or within the WLAN. Infras-
tructure WLANs have been widely deployed in home and business networks. 
Their widespread use is because the AP acts as a bridge between the wireless 
and the wired domain, allowing Internet access to wireless users. In Fig. 2.14 
we show an example of a simple infrastructure WLAN with wireless and wired 
nodes. As shown, whenever wireless nodes communicate with each other (red 
lines), the communication path involves the AP. Similarly, when the wireless 
nodes communicate with a node outside the WLAN (blue lines). We will show 
later that the use of a central AP is a fundamental cause of some severe limita-
tions in the performance of VoIP in IEEE 802.11 WLANs. 

2.2.2 Wireless Medium Access Control 

In order to transmit data in an IEEE 802.11 WLAN, a station (wireless node 
and/or AP) has to access the wireless channel. Only one station can access the 
channel at any given time. To control access to the channel, the IEEE 802.11 
WLAN uses a medium access control (MAC) protocol to control the channel 
access, that is the focus of this section. 

The IEEE 802.11 protocol [4] defines a set of channel access functions. In 
particular it defines the distributed coordination function (DCF) for the con-
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Wireless connection

Figure 2.14: Stylized infrastructure WLAN 

tention based channel access and the point coordination function (PCF) for the 
contention free channel access, both of which are designed without quality of 
service (QoS) provisioning. In 2005, the IEEE ratified the IEEE 802.11e proto-
col [14] that extends the medium access control to support QoS. It further ex-
tends the MAC by two additional channel functions, the enhanced distributed 

channel access (EDCA) and the hybrid coordination function controlled chan-

nel access (HCCA). 

The Distributed Coordination Function (DCF) 

The distributed coordination function (DCF) is the contention based channel 
access in an IEEE 802.11 WLAN, based on the CDMA/CA (Carrier sense mul-
tiple access with collision avoidance) mechanism [83,84]. To transmit a packet 
in a DCF controlled wireless network, a station first has to determine the state of 
the wireless channel. If the wireless channel is sensed busy, due to active trans-
missions, the station defers its transmission, until the channel is sensed idle 
for the duration of the distributed inter-frame space (DIFS). Note that in IEEE 
802.11 based WLANs, the generic inter-frame space (IFS) is defined as a min-
imum duration during which the channel must remain clear following a trans-
mission. The IFS is required so that a station can recognize when a transmission 
has ended and a potential transmission can start. Once the channel has been 
sensed idle for DIFS, the station initiates the mandatory binary exponential 

backoff (BEB), also known as backoff, before attempting to transmit the packet. 
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The backoff period guarantees that the channel time is distributed equally be-
tween all competing stations and that collisions are minimized. This backoff pe-
riod is measured in backoff slots of length σµs and is uniformly and randomly 
selected from [0, CW −1], where CW is the current contention window with the 
initial value of CWmin = W . Collision occurs if more than one station trans-
mits during the same slot. If a collision occurs, the contention window of the 
sender is doubled unless the maximum value (CWmax = 2mCWmin, m ≥ 1) 
has been reached, and the packet is re-queued at the head of line (HoL) of the 
queue to be retransmitted after another backoff period. The contention window 
is reset to CWmin when the packet has been successfully transmitted or dis-
carded when the retransmission limit R (R ≥ m) is reached. A flow chart of 
the binary exponential backoff process is shown in Fig. 2.15, and in Fig. 2.16 
we show the exponential increase in contention window size with a maximum 
backoff stage of m = 5, a maximum retry limit R = 7 and an initial minimum 
contention window of W = 31 slots. Note that the contention window is not 
increased once W = 2mCWmin has been reached. 

Packet HoL

CWmin = 31
CWmax = 2^mCWmin

Retry limit 
reached?

Backoff W slots

Transmit packet

Collision 
occurred?

Successful 
trabsmission

Discard current packet

N

Y

m++
R++

N

Figure 2.15: Flow chart (algorithm) of the Binary Exponential Backoff (BEB) 

Once channel access has been obtained, the station can start to transmit its 
packet. During the packet transmission, all other nodes will sense the channel 
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Figure 2.16: Increase in contention window size during the binary exponential backoff 

busy, thus not attempting to transmit. Once the packet has be sent, the receiver 
will transmit an acknowledgment (ACK) frame. To avoid contention from other 
nodes, the receiver can transmit the ACK after a short inter-frame space (SIFS). 
The process of the packet transmission using DCF is depicted in Fig. 2.17. 

Data ACK

DIFS
(channel idle)

SIFS

other channel activity
and backoff

Figure 2.17: IEEE 802.11 DCF without RTS/CTS 

To reduce collision frequency in the medium, the RTS/CTS (Request-to-
sent/Clear-to-sent) mechanism can be used [85–87]. If the RTS/CTS mecha-
nism is used, the sending node transmits an RTS frame before transmitting the 
actual data frame. The receiver of the RTS frame will respond by sending a 
clear-to-send (CTS) frame. This prior exchange of RTS/CTS frames reduces 
the collision of data packets, because all nodes see the RTS/CTS exchange and 
thus will not attempt to transmit for a preset time. 
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The Point Coordination Function (PCF) 

Whereas the DCF can be used in infrastructure and ad-hoc WLANs, the point 
coordination function (PCF) can only be used in infrastructure wireless net-
works. This is because the PCF relies on a point coordinator (PC), which com-
monly is the access point (AP). The PCF works as follows. The PC transmits 
a periodic beacon frame. The period between these beacon frames is divided 
into the contention period (CP) and the contention free period (CFP). During 
the CP, channel access is according to the the DCF. During the CFP, the PC 
sends a poll request to each station sequentially to allow them to transmit to the 
channel. If a node has no packet to send, a timeout occurs and the management 
node requests a packet from the next node in its polling list. 

An example of the operation of the PCF is depicted in Fig. 2.18. In this 
example we have an AP as the PC and three wireless nodes labeled A, B and 
C. As shown, after the beacon frame has been transmitted, the PC waits for a 
duration of a short inter-frame space (SIFS) before sending a polling request to 
node A. After a SIFS, node A transmits its data and ACK frame. The PC then 
transmits a polling request to node B and also acknowledges the receipt of the 
frame from node A. In this example, node B has no data to send. Following a 
PIFS (PCF inter-frame space) the PC transmits data and a poll request to node 
C. Node C has no data to send an only transmit an acknowledge frame to the 
AP. Finally, the PC transmits a CF-End frame to indicate to all nodes that the 
contention-free period interval has lapsed. The remainder of the duration until 
the next beacon frame is transmitted is a contention period, and thus all stations 
use DCF to access the channel. 
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Figure 2.18: The PCF operation 

Even though the PCF had been designed for multimedia traffic, studies 
showed that the associated overhead of polling reduces the overall performance 
of access [88]. Additionally, the PCF is not mandatory and due to its com-
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plexity, the PCF is not widely available in commercial implementations. More 
details about the PCF can be found in [4, 84] and references therein. 

2.2.3 Quality of Service in IEEE 802.11 wireless LAN 

While the IEEE 802.11 standard [12] was originally designed to support best 
effort services in WLAN, IEEE 802.11e [14] was ratified in 2005 to meet the 
demand of growing volumes of real-time multimedia traffic (such as VoIP) that 
require some degree of quality of service (QoS). It extends the medium access 
control of the IEEE 802.11 standard and defines a hybrid coordination function 

(HCF) which provides the enhanced distributed channel access (EDCA) and 
the HCF controlled channel access (HCCA). The new standard also allows the 
adjustment of a number of MAC parameters that were previously fixed. The 
IEEE 802.11e standard became part of the new specification of the IEEE 802.11 
standard in 2007 [4]. 

The Enhanced Distributed Channel access (EDCA) 

The new hybrid coordination function defines the enhanced distributed channel 
access (EDCA) mechanism to provide contention-based access to the medium. 
The EDCA in its core functionality is comparable to DCF and uses the CSMA/CA 
mechanism. This means that a station has to sense the channel as idle for the du-
ration of an arbitrary inter-frame space (AIF S)16, followed by the mandatory 
backoff before the station can attempt to transmit to the channel. However, there 
is a minor difference in the treatment of the backoff counter between EDCA and 
DCF. In particular, as shown in [89], the backoff counter in EDCA is resumed 
before the AIF S elapses, whereas in DCF the counter is reduced the next time 
the channel is sensed idle. Furthermore, according to the EDCA mechanism, 
a station has to wait either an additional slot when the medium is idle or an 
additional AIF S period when the medium is sensed busy, before attempting to 
transmit, whereas in DCF a station can attempt to transmit whenever the counter 
has reached zero. We will address this difference in the behavior of the backoff 
counter later on in our analysis. 

To provide QoS, the IEEE 802.11e protocol defines eight user priorities with 
four different access categories to cater for a range of different traffic types. 
Each access category uses different and adjustable MAC parameter settings. 
The first two access categories, background (AC BK) and best effort (AC BE) 

16The AIFS in EDCA is the equivalent to the DIFS in DCF 
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Access category AIF S T XOP Limit CWmin CWmax

AC BK 7 0 31 1023 
AC BE 3 0 31 1023 
AC VI 2 6.016 ms (802.11b) 

3.008 ms (802.11a/g) 
15 31 

AC VO 2 3.264 ms (802.11b) 
1.040 ms (802.11a/g) 

7 15 

Table 2.4: Default EDCA MAC parameter for IEEE 802.11a/b/g WLANs 

can be understood as data traffic access categories, whereas video (AC VI) and 
voice (AC VO) are specifically designed for real-time multimedia traffic. The 
four access categories are depicted in Fig. 2.19, and the default EDCA MAC 
parameter for an IEEE 802.11b and IEEE 802.11a/g are given in Table 2.4. 
Note that the values for AIF S, CWmin and CWmax in Table 2.4 are given in 
backoff slots. 

Data traff c (mapped according to CoS)

AC_BK AC_BE AC_VI AC_VO

Internal collision handler

Wireless channel

Figure 2.19: EDCA access categories 

The AIF S (arbitrary inter-frame space) parameter of the IEEE 802.11 pro-
tocol is comparable to DIFS in DCF and defines the time period the channel 
has to be sensed idle before a node can attempt to transmit. By adjusting the 
AIF S parameter the system can control which traffic type can access the chan-
nel, before any other traffic type can attempt to use the channel. This is because 
a shorter AIF S period allows an earlier channel access. 



37 2.2 IEEE 802.11 Wireless LAN 

The T XOP Limit parameter specifies a contention-free duration during 
which a TXOP-holder has uninterrupted access to the channel, thus allowing 
the continuous transmission of multiple packets without re-contending for the 
channel as shown in Fig. 2.20. To avoid contention from other nodes during the 
time duration of T XOP Limit, the TXOP holder is allowed to commence its 
transmission of a consecutive packet after a short inter-frame space (SIFS) fol-
lowing the completion of the immediately preceding frame exchange sequence, 
i.e. on receipt of an acknowledge (ACK) frame. 

Data ACK Data

AIFS
(Channel idle)

IdleSIFS SIFS SIFS

TXOP-frame

ACK

Figure 2.20: Transmission of multiple packets during the TXOPLimit period 

The contention window parameter CWmin and CWmax control the frequency 
with which a station can access the channel. Recall that a station has to wait 
a random period of time, before accessing the channel. By setting a smaller 
values of CWmin, more frequent channel access can be guaranteed, because the 
random backoff time is selected from a smaller range. 

As stylized in Fig. 2.21, a small value of AIF S and CWmin and a large 
value of T XOP Limit provide a high priority, whereas the opposite set a low 
priority. 

AIFS TXOPLimit CWmin

High priority

Low priority

Figure 2.21: IEEE 802.11e MAC parameter indication of high and low priority 

As shown in Figure 2.19, before a packet is sent, an internal collision res-
olution mechanism resolves any internal collision. An internal collision can 
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occur if the backoff counter of the mandatory backoff for packets in multiple 
access queues reaches zero, and henceforth these queues at a station attempt to 
transmit at the same instance. In case of an internal collision, the internal colli-
sion resolution mechanism will grant channel access to the packet of the higher 
access category. The packet of the lower access category is then scheduled 
for retransmission after an additional backoff process. The different settings of 
EDCA parameter ensure that voice traffic has the highest priority, followed by 
video, then best effort and finally background data traffic. This concept is also 
stylized in Fig. 2.22. We will evaluate the impact of internal collisions at the 
AP on the VoIP performance in WLAN in Chapter 5. 
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Figure 2.22: EDCA channel access for the four access categories 

The HCF controlled channel access (HCCA) 

The HCF of the 802.11e protocol also specifies HCF controlled channel access 
(HCCA), which, similar to PCF, is designed for the contention free channel 
access. The main difference between HCCA and PCF is that the time period 
between the beacon frames in PCF is strictly divided into CFP and CP, whereas 
in HCCA, the PC can initiate a CFP an any time during a CP. In this case, the PC 
initiate the controlled access phase (CAP) whenever the PC wants to transmit to 
or receive a packet of a specific station. During the CP all nodes work according 
to EDCA. In contrast to PCF, HCCA also introduced the notion of traffic classes 
and traffic streams. Each node can communicate its queue saturation of a traffic 
class to the PC, which can then assign a different priority to that node. Due 
to its fine grained ability to control QoS, HCCA is a superior access function. 
However, similar to PCF, its implementation in not compulsory and due to its 
complexity, there are no commercial implementations available. More details 
about HCCA can be found in [90, 91]. 
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2.3 VoIP in IEEE 802.11 WLAN 

2.3.1 Introduction 

At the beginning of this chapter, we have outlined that many home and business 
users now use VoIP to lower their communication costs. In particular software 
VoIP applications such as Skype or Google Talk can provide significant savings 
because calls between Skype or Google Talk users are free of charge. Further-
more, with the integration of voice and video features into social media services 
like Facebook17 or Google+18 it is possible that traditional voice communication 
based on the public switched telephone network (PSTN) will become redundant 
in the near future. 

Further enhancements to the IEEE 802.11 protocol to support QoS and the 
reduction in cost of wireless technology has led to an integration of wireless 
capabilities into mobile devices such as laptops, PDAs and cell phones. In 
particular the use of mobile devices has seen an increased demand for wireless 
access. As highlighted in Chapter 1 it is expected that the demand on mobile 
data traffic will increase by 92% annually between 2010 and 2015 [5]. 

With an increase in computing capabilities and memory in cell phones, 
voice over IP applications, e.g. Skype or Google Talk are now readily available 
for smart-phones such as Apple’s iPhone or the Android based HTC. Wireless 
VoIP is an important emerging service due to the potential to replace the cur-
rent cell phone communication wherever a WLAN is available. In Fig. 2.2319 

we show an overview map of available AT&T wireless hotspot locations. As 
shown, AT&T hotspots are available in a variety of locations. For example, 
there are more than 4000 AT&T hotspots in California alone, in places such 
as Starbucks, McDonalds restaurants or airports. The T-Mobile service of the 
Deutsche Telekom for example lists more than 45000 hotspots in over 20 coun-
tries20. Similar maps are available for a variety of other wireless providers 
around the world. The examples outlined above show that wireless networks 
are now becoming ubiquitous and that wireless voice over IP can now chal-
lenge traditional cell phones services based on GSM, 3G or 4G technology, as 
it can deliver similar cost savings to its wired counterpart. 

17http://www.facebook.com
18http://www.google.com/+
19http://www.att.com/gen/general?pid=13540
20https://selfcare.hotspot.t-mobile.com/locations/viewGlobalLocations.do
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Figure 2.23: AT&T wireless hotspot locations in the United States 

2.3.2 Wireless VoIP performance 

Earlier in this chapter, we argued that wireless voice over IP has the potential 
to replace today’s mobile phone communication, as it can provide real cost 
savings to individuals and businesses. However, to make VoIP in WLANs a 
viable alternative, a variety of challenges need to be overcome so that high user 
satisfaction is guaranteed. For example, it is known that the wireless medium is 
unreliable and suffers from interference [92, 93], because an IEEE 802.11b/g/n 
WLAN uses the same frequency (2.4 GHz) as other common radio devices 
such as cordless phones or bluetooth devices [94–97]. Furthermore, fading [98] 
or mobility introduce a new level of complexity, as for example, a user may 
roam between multiple access points (APs) and require handoff [99,100], which 
also affects VoIP quality [101]. Although these are open issues that need to be 
addressed, one of the major concerns for wireless VoIP is the limited number 
of VoIP calls that can be supported with an acceptable level of quality. 

For example a G.729 voice codec generates an 8 kbit/s voice stream and a 
G.711 voice codec generates a 64 kbit/s voice stream, respectively. As voice 
calls are full-duplex, a single call requires a total bandwidth of approximately 
16kbit/s or 128kbit/ using the above codecs. Therefore, based purely on bit rate, 
an IEEE 802.11b WLAN for example would be expected to support 11/0.015 ≈ 
733 calls using a G.729 or 11/0.128 ≈ 85 voice calls using a G.711 voice codec. 
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Similarly, an 802.11a/g WLAN should be able to carry up to 54/0.015 ≈ 3600
calls or 54/0.128 ≈ 421 voice calls using the G.729 and G.711 voice codecs, 
respectively. However, the actual VoIP capacity is less than 10% of the expected 
number of VoIP calls [17,73,102,103]. As the required (aggregated) bandwidth 
of VoIP calls is well below the available bandwidth, as shown in Fig. 2.24, 
suggests that the bandwidth is not limiting the number of supported VoIP calls 
in a wireless LAN. 
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Figure 2.24: Available bandwidth vs. required bandwidth for full-duplex VoIP calls 

The significant difference in expected and actually observed number of VoIP 
calls has attracted considerable research effort. Research focusing on the VoIP 
capacity only [2, 26, 27, 64, 65, 73, 90, 102–105] has identified that the access 
point (AP) in an IEEE 802.11 infrastructure WLAN is a bottleneck and limits 
the number of calls. This is because in an infrastructure WLAN, all traffic 
from and to the wireless nodes has to pass through the common AP, acting as 
a bridge between the wired and the wireless network. Due to the design of 
the medium access control, each station has an equal probability of obtaining 
channel access. Therefore, with an increasing number of wireless nodes in the 
WLAN, the probability of the AP winning the channel contention decreases, 
because the AP has to compete with the wireless nodes to access the channel for 
each packet on the downlink. It can be shown that with an increasing number N 

of wireless nodes the channel access probability of the AP is 1/(N +1) whereas 
the channel access probability of the wireless nodes is N/(N + 1) [1, 2]. As 
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shown in Fig. 2.25 the channel access probability of the AP with increasing N 

rapidly decreases. Due to the low channel access probability of the AP, packets 
arriving at the AP will be queued. With an increasing number of wireless nodes 
the number of arriving packets is increasing and at some stage packet loss at the 
AP will occur due to a limited buffer space. Also, due to the buffering at the 
AP, the user perceived ear-to-mouth delay increases, and at some stage reaches 
a level that is deemed to be unacceptable. The fundamental problem is that the 
AP is the bottleneck in WLAN, limiting the number of voice calls that can be 
supported in an IEEE 802.11 infrastructure WLAN. 
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Figure 2.25: Channel access probability of the AP and the N wireless nodes [1,2] 

VoIP capacity analysis 

There is a variety of literature that discusses the VoIP capacity in IEEE 802.11 
WLANs [26, 27, 64, 65, 73, 101–104, 106–117] and references therein. The ap-
proach on assessing VoIP capacity ranges from analytical modeling [26, 65, 
73, 102–104] to real testbed measurements [27, 108–111]. The majority of 
the work in this area focuses on IEEE 802.11 infrastructure WLANs, where 
the channel access is controlled by the DCF, and only a few consider EDCA 
when investigating the VoIP capacity in a WLAN. An EDCA voice capacity 
is commonly considered, if the channel is shared with other types of traffic, 
e.g. TCP, or if the adjustable MAC parameters are used to improve the VoIP ca-
pacity, both of which we discuss later on. As the majority of wireless networks 
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are based on infrastructure WLANs where the channel access is controlled us-
ing DCF or EDCA, our discussion concerning the VoIP capacity is focused on 
such networks. A discussion of VoIP in PCF controlled WLANs can be found 
in [113,114], and works in [111,115–117] provide a VoIP capacity analysis for 
single and multi-hop ad-hoc wireless networks. 

Using analytical models to determine the maximum number of VoIP calls is 
used in [26,65,73,102–104]. Even though all of these research studies develop 
an analytical model, the approaches used differ. In [65,73] Hole and Tobagi for 
example use a simple approximation equation to determine the number of VoIP 
calls that can be maintained. In particular, the capacity is derived based on the 
fraction of time the channel is occupied by the VoIP calls. They show that the 
number of VoIP calls (C) is calculated by21 

1 (1/Ts)
C =

2 λ 

where Ts is the time required to transmit a single packet, λ is the arrival rate 
per half-duplex (one-way) call in packets, and the 1/2 factor is required as the 
total number of packets in the uplink and the downlink direction is equal. For 
example, if Ts = 500µs and a half-duplex VoIP call generates λ = 100 packets 
per second, the WLAN can support up to 10 voice calls. Using this approach, 
Hole and Tobagi [73] show that an IEEE 802.11b WLAN can support 6 CBR 
voice calls only. Medepalli et al. [65] on the other hand consider VBR voice 
traffic and show that in this scenario the WLAN can then maintain up to 11 
voice calls. The difference in call capacity is due to the different traffic inten-
sity. As discussed in Section 2.1.3, a VBR voice stream, on average, consists 
of fewer packets, thus reducing the level contention in the WLAN that subse-
quently increases the number of calls that can be supported. 

The authors of [102, 103] use a different analytical approach to determine 
the VoIP capacity in an IEEE 802.11 infrastructure WLAN. Even though the 
metrics used to obtain the VoIP capacity in [102, 103] are different, both ana-
lytical models use a mean-based approach, whereby the capacity is calculated 
using average values of the arrival-, the service- or the collision time of packets. 
Using the fixed-point formulation to obtain the average service time, Hedge et 
al. [102] apply the Pollaczek-Khinchin formula [118] for the mean queueing 
time to derive the delay at the AP, that is the total delay a packet experiences in 

21Note that the notation has been adjusted for simplicity. Please refer to [65] and [73] for 
their actual notation used. 
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the downlink direction. Using the analytical model, Hedge et al. show that with 
an increasing number of VoIP calls in the WLAN, the delay at the AP is increas-
ing, and at some stage exceeds a maximum delay bound, in their model 100 
ms, before the voice call quality is no longer considered acceptable. In [103] 
the authors also use a fixed-point formulation, however, instead of using net-
work delay to determine the maximum number of VoIP calls, Cai et al. [103] 
use a throughput model. In this model the VoIP capacity is determined by the 
queue stability condition, that is the arrival time (λ) does not exceed the service 
time (µ). In their approach it is shown that with an increasing number of VoIP 
calls, the average service time increases, and as a consequence the service rate 
decreases as shown in Fig. 2.26. 
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Figure 2.26: Arrival and service rate of a G.729 voice codec with a 10 ms sampling 
period in an IEEE 802.11b WLAN 

The results reported in [102, 103] are similar, and it is shown that an IEEE 
802.11b WLAN can support only 8 [102] or 6 [103] voice calls using a G.711 
voice codec with a 10 ms sampling rate. Although the methods to obtain the 
VoIP capacity in [102, 103] and [65, 73] are different, the results reported are 
comparable. Nevertheless, the analytical methods used in [102, 103] provide 
an insight into the VoIP capacity limit, as a variety of internal metrics, such as 
the collision or attempt probability, can be derived. This insight can be used 
to develop different solutions to increase the number of VoIP calls that can be 
maintained. Note that Hedge et al. extend their analysis to investigate the VoIP 
capacity when the channel is shared with downlink data traffic, and to study 
if changes to the minimum contention window and the retry limit leads to an 
improved VoIP capacity. Setting a smaller than default value for the contention 
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window allows an increased frequency with which a station can attempt to ac-
cess the channel. This is because the random backoff is drawn from a smaller 
contention window and as a result the overall duration of the backoff period is 
reduced. Also, setting a smaller retry limit at a station lowers the maximum 
contention window size and allows a packet to be discarded earlier if multiple 
collisions are experienced. By discarding a packet after only a few collisions, 
the delay experienced by subsequent packets in the queue is reduced, which 
may increase the VoIP capacity, depending on the tolerable delay. 

A similar approach to [102] is used in [105], where the authors also use a 
network delay to determine the VoIP capacity. Furthermore, Oh et al. also con-
sider changes to the minimum contention window and the retry limit. However, 
the main difference between [102] and [105] is the analytical model. Hedge et 
al. used a mean-based approach based on an M/G/1 queueing system, whereas 
the authors in [105] used a Markov-chain model that was derived from the 
popular Bianchi approach [119]. In [119] Bianchi developed a two dimen-
sional Markov model to capture the backoff behavior of a single node in a DCF 
controlled IEEE 802.11 WLAN to study the saturated throughput that can be 
achieved in these networks. Based on Bianchi’s closed-form expression for 
the saturated throughput, a variety of works have adopted this approach and 
suggested modification to the model to capture a variety of other network con-
ditions such as unsaturated nodes, or an IEEE 802.11 EDCA WLAN. Oh et 
al. follow the Bianchi approach and modify the model to suit an EDCA con-
trolled WLAN. Using the model and simulation, Oh et al. show that the wire-
less network can maintain 11 voice calls using a G.711 voice codec with a 20 
ms sampling rate without changes to the parameter, and the results are in line 
with those reported in [26] where the authors also use a Markov-chain model. 
Using their model, similar to the work in [102], Oh et al. then study if changes 
to the contention window and the retry limit will improve the VoIP capacity. It 
is shown that a VoIP capacity increase to 17 voice calls can be achieved when 
CWmin = 3 and the retry limit is set to R = 10. Markov-chain models have 
also been used in [26, 104, 120–123]. In [122, 123], Gao et al. follow a similar 
analysis to [105] and [102] to improve the performance in these WLANs by set-
ting different values for the minimum contention window size, and the results 
are comparable to those reported in the above literature. 

The research results presented above highlight that the AP is a bottleneck 
in an IEEE 802.11 infrastructure WLAN, and that the limited channel access of 
the AP rather than the available bandwidth of the wireless channel imposes the 
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VoIP capacity restriction. Therefore one could argue that ad-hoc WLANs are 
more suitable for VoIP, because in an ad-hoc WLAN there is no AP bottleneck. 
Because ad-hoc WLANs have been designed for different scenarios, as we have 
discussed in Section 2.1.1, ad-hoc WLANs are commonly not used for voice 
over IP communication, as they are limited to internal22 communication only 
or maybe used in mesh networks. Nevertheless, research in this area has shown 
that the number of VoIP calls depends on the topology and the distance between 
the wireless nodes. More details about voice over IP in ad-hoc WLANs can be 
found in [110, 115, 116, 124–127]. 

VoIP capacity improvements 

Most of the research discussed in the previous section provides an analysis of 
the VoIP capacity in an IEEE 802.11 infrastructure WLAN. In this section we 
discuss some of the solutions proposed to improve the VoIP capacity in WLAN. 
There has been considerable research investigations discussing a variety of so-
lutions to tackle the limited VoIP capacity in WLAN. The literature in this area 
can be split into two areas, namely solutions that address the limited VoIP ca-
pacity explicitly [2, 66, 105, 128–132], and solutions that improve the overall 
performance of the WLAN, and as a result have the potential to improve the 
number of voice calls that can be supported [129, 133–135]. Most of the pro-
posed solutions either consider a DCF or EDCA channel channel access. How-
ever, [88, 136] consider the use of PCF, and [125, 126] additionally consider 
ad-hoc WLANs. 

The solution presented in [128, 132] suggests a multiplex-multicast (M-M) 
scheme, whereby VoIP calls are multiplexed for inter-domain23 transfer, and 
within the destination wireless network the voice calls are multicast in the 
WLAN to reduced the traffic in the downlink direction. By using multicast 
in the downlink direction, the number of streams is reduced from 2N to N + 1

streams, assuming N full-duplex VoIP calls. To show the increase, Wang et 
al. use a similar analytical approach as discussed in [65, 73]. Wang et al. [128] 
show that the proposed solution can increase the VoIP capacity and that for ex-
ample an IEEE 802.11b WLAN can maintain 17 instead of 10 voice calls using 
a G.711 voice codec with a 20 ms sampling rate. The authors also extend their 
work and show that a similar increase in capacity can be achieved if an IEEE 

22Internal communication here refers to VoIP communication between the ad-hoc wireless 
nodes only, without an interaction with nodes external to the WLAN 

23An inter-domain transfer here is a transfer between two separate VoIP networks 
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802.11a/g WLAN with a 54 Mbit/s data rate is considered. Even though the 
proposed solution significantly increases the number of VoIP calls, it requires 
changes to the protocol, additional hardware for the inter-domain transfer as 
well as the WLAN to be multicast enabled, which may not be desirable. A sim-
ilar solutions using the multiplex-multicast approach is also presented in [137]. 

Other solutions [127,129,138–140] and reference therein, suggest the mod-
ification of the call admission control (CAC) [141, 142]. The CAC mechanism 
in an IEEE 802.11 WLAN regulates admissions of new streams to the WLAN. 
If a new stream wants to join, it requests required resources. If the resources are 
available, the stream is admitted, and rejected otherwise. This provides a further 
protection for real-time traffic, and the CAC mechanism complements the QoS 
control. In [129], the authors propose a novel call admission control mechanism 
referred to as adaptive transmission interval call admission control (ATICAC) 
that does not require any additional hardware. The novel scheme works such 
that the access point (AP) in the WLAN calculates an estimate for the colli-
sion probability based on a channel busyness indicator (see Eq. (15) in [129]) 
whenever a new call attempts admission. If the estimate for the collision prob-
ability is below 0.1, the new call is admitted as the WLAN is not saturated. If 
the estimate is above 0.1, the AP can either reject the new call, or adjust the 
transmission interval of all VoIP calls, including the new call. By adjusting the 
transmission interval the mechanism effectively changes the sampling rate of 
the voice codec such that fewer, but larger packets are transmitted in the down-
link direction. The authors argue that this scheme doubles the number of VoIP 
calls that can be supported with only a minor increase in call delay. However, 
this solution may not be desirable, because it requires significant changes to the 
protocol, and furthermore, the AP requires additional software to perform the 
frame aggregation on the AP to increase the transmission interval. 

The work in [138, 143, 144] also suggest different call admission control 
mechanism to improve the VoIP performance. In a similar fashion to the changes 
of the transmission interval, Jeong et al [131] suggests to either use ACK ag-
gregation, frame aggregation or link adaptation to boost the VoIP capacity in 
an IEEE 802.11 WLAN. Using an analytical model based on the Bianchi ap-
proach, Jeong et al. show that sending a single ACK to acknowledge multiple 
frames (ACK aggregation) will only increase the VoIP capacity marginally, that 
is two VoIP calls if no acknowledgement is sent at all. The change in chan-
nel rate (link adaptation) will also not lead to an increased VoIP capacity. In 
particular, VoIP capacity is reduced from 5 to 4, 3 and 2 calls, if the channel 
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rate is reduced from 11 Mbit/s to 5.5 MBit/s, 2 MBit/s or 1 MBit/s, respec-
tively. Frame aggregation however, can provide a capacity gain of up to 300% 
in terms of number of VoIP calls that can be supported. Frame aggregation, is 
the transmission of one large frame and/or multiple frames per channel access. 
Frame aggregation results in a reduced overhead, as a station does not need to 
re-content for the channel for each frame. We utilized a similar technique in 
Chapter 3 and show the benefits of this scheme in terms of a gain in the number 
of VoIP calls. Even though the proposed solution provides a significant increase 
in VoIP capacity (≈ 300%), the modification required to achieve this increase 
is significant, and as such may only be applicable to a highly customized wire-
less networks. Nevertheless, different frame and ACK aggregation methods are 
part of the IEEE 802.11n protocol [22] and it is yet to be investigated which 
aggregation technique provides the maximum VoIP capacity. 

Alternative solutions based on the IEEE 802.11 QoS mechanism have been 
proposed in [2, 64, 105, 123, 125, 130, 133, 145–147]. Whereas some solutions 
utilize the QoS mechanism introduced in the IEEE 802.11e protocol [14], others 
suggest modifications of the DCF channel access mechanism to achieve equal 
results [64, 147]. 

Recall, that the IEEE 802.11 QoS mechanism allows the modification of 
the contention windows (CWmin, CWmax), the AIF S and the T XOP Limit 

parameter, and therefore different priorities can be assigned to different traffic 
types. Moreover, different settings can also be applied at a wireless node and 
the AP. 

The works in [123,125,145] suggest modification of the contention window 
parameter to increase the number of VoIP calls. By setting a smaller than de-
fault value of the minimum contention window CWmin, a station can attempt 
to access the channel more frequently. Due to the increased channel access, 
the total number of packets queued at the AP is reduced and as a consequence 
VoIP capacity is increased. Whereas the work in [123] is only concerned with 
VoIP capacity, the authors in [125] and [145] also consider the case where the 
channel is shared with data traffic. In both works, the authors use the arbitrary 
inter-frame space (AIFS) parameter to distinguish between VoIP and data flows. 
In particular, to provide a higher priority, the VoIP flows use a smaller AIF S 

parameter. The results in both works show that using AIF S in a multi-traffic 
environment is effective such that it protects the VoIP flows in terms of the 
VoIP capacity. Note that in Chapter 6 we will provide a more detailed discus-
sion about the impact of data streams. The increase in VoIP capacity as reported 
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in [123] by setting a smaller than default CWmin parameter is approximately 
30%, e.g. the VoIP capacity is increased from 11 to 14 voice calls using a G.711 
voice codec. These results are in line with those reported in [125, 145, 146]. 

Changes to the T XOP Limit parameter have explicitly been studied in 
[130] and have been extended in [2]. Recall that the T XOP Limit parameter 
specifies a duration during which a station that gains channel access has unin-
terrupted access to the channel. This means that a station can either transmit 
a large packet, or multiple small packets, until the T XOP Limit timer lapses. 
In both works, the T XOP Limit parameter is assigned to the AP only and is 
set such that the AP can transmit multiple packets during the T XOP Limit 

duration. By setting an increased value of T XOP Limit at the AP results, on 
average, in a lower queue utilization at the AP, and therefore an increased VoIP 
capacity, as packet loss or the violation of the queue stability condition can be 
delayed. Whereas the work in [130] uses a modified Bianchi model to obtain 
the number of voice calls that can be maintained, Dangerfield et al. [2] use 
real testbed measurements to derive the VoIP capacity. Based on their results, 
Dangerfield et al. suggest that the T XOP Limit value in terms of packets per 
channel access should be set equal to the number of VoIP calls in the WLAN, or 
halved, if also the default contention window size is reduced by 50%. However, 
as we will show later in Chapter 3 the T XOP Limit parameter setting is too 
aggressive and will impact the overall system performance. Furthermore, it re-
quires a priori knowledge of the number of VoIP calls in the WLAN. A similar 
suggestion in [143] for the ideal setting of the T XOP Limit parameter is also 
too aggressive and will also impact the overall system performance. 

Even though the research described above shows that setting an increased 
value of T XOP Limit parameter can improve the VoIP capacity, their analy-
sis overestimates the ideal value of the T XOP Limit parameter and does not 
take into account any impact on the wireless voice nodes. In Chapter 3 we will 
show that we can obtain a similar increase in VoIP capacity as reported in [2], 
but with a much lower value of the T XOP Limit parameter. We will show 
that our setting of the T XOP Limit parameter is optimal, such that the maxi-
mum VoIP capacity is achieved, and that further increasing the T XOP Limit 

parameter value provides no improvement of the capacity and impacts on the 
overall system performance. We will confirm our findings using a detailed an-
alytical model, simulation and real testbed measurements. We also investigate 
if a further capacity gain can be achieved in conjunction with changes to the 
CWmin and AIF S parameter. Finally, we will also show that our findings hold 
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for variable bit rate voice flows, which have not been discussed in [2,130,143]. 

Buffer requirements for VoIP calls 

In the previous sections we have highlighted some of the research investigations 
into limited VoIP capacity and means to improve the number of voice calls that 
can be supported in an IEEE 802.11 WLAN. As outlined, there are different 
ways of determining the voice capacity, for example, using an analytical model 
[102, 103] or testbed measurements [27, 65]. However, an important aspect 
of the VoIP performance has not been discussed in the literature - the buffer 
requirements for VoIP calls. There is extensive literature discussing buffer size 
requirements in wired networks [148–157] and references therein, but only a 
few works discuss buffering requirements in IEEE 802.11 WLANs [2,25,158], 
and in particular the buffering requirements in WLAN for VoIP traffic [25,109]. 
Investigating the buffering requirements is important, as one might argue that 
increasing the buffer size at the AP will improve the number of VoIP calls that 
can be supported, because more packets can be queued and, as a result, packet 
loss may not occur, or may be delayed such that an increased number of voice 
calls can be maintained. 

For example, in [158], the authors study the buffering requirements for TCP 
flows and argue that the common Bandwidth-Delay Product (BDP) [159] can-
not be used to adequately provision the buffer requirements in a WLAN. This 
is because of the interaction between the congestion control and the contention 
based channel access that can lead to underutilization of the link. Instead of 
using the BDP, Li et al. [158] suggest adjusting the buffer depending on the 
network conditions such as the number of flows and the level of contention. A 
similar suggestion is made in [25], where the authors argue that the buffer size 
at the AP should be set at least equal to the number of voice calls. A further 
investigation of [25] in [2] shows that increased throughput can be achieved if 
the AP has a buffer of 30 packets, however, Dangerfield et al. [2] conclude that 
the VoIP capacity is independent of the buffer size at the wireless nodes, but a 
voice capacity gain can be achieved with an increased buffer at the AP, i.e. a ca-
pacity increase from 10 to 12 voice calls. Nevertheless, the authors in [2] argue 
similarly to [25] and conclude that the buffer size at the AP should be propor-
tional to the number of voice calls in the WLAN. In Chapter 4 we will provide 
a different insight into the buffering requirements for VoIP calls based on our 
analytical model, simulation and testbed measurements. In particular we will 
show that there exists a minimum buffer size at the AP that maximizes the VoIP 
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capacity. Even though our findings for the buffering requirements for the wire-
less nodes is inline with those presented in [2, 25], we will also show that the 
bottleneck shifts from the AP to the wireless nodes, caused by too large values 
of the IEEE 802.11 QoS parameter, can be alleviated with larger buffer sizes at 
a node. Furthermore, our findings provide strong evidence that the proportional 
buffer size is not required, because we show that the number of VoIP calls that 
can be supported is independent of the buffer size at the AP, given the minimum 
buffer size outlined above. Using the insight gained from our analysis, we will 
also propose a novel VoIP approximation equation. This equation allows us to 
obtain a better understanding of VoIP capacity when a channel access priority 
is assigned to the AP using the T XOP Limit parameter. 

Dynamic voice codecs in WLANs 

A recent development in VoIP is the use of dynamic voice codecs which are 
designed to adapt to changes in network condition. For example, SILK [58,160] 
used in Skype V.4 or SPEEX [161] used in Google Talk, monitor the call quality 
and adjust the codec parameters accordingly. The goal is to maintain the call 
with reduced quality during congestion periods in the network. In this context 
mixed codecs can be seen in some of the previous work. In [26] Harsha et 
al. consider two types of voice traffic using different codecs. In their work it 
is assumed that both types of voice traffic share the channel and are served by 
the AP without traffic differentiation. Also in [162] a dynamic adaptation of the 
voice codec is proposed to suit the change in transmission rate of the WLAN. 

Here we propose a novel scheme based on the IEEE 802.11 quality of ser-
vice (QoS) mechanism to exploit the tradeoff between the codec quality and 
priority to maintain the call during periods of high contention without compro-
mising the individual call quality. At the same time the proposed scheme also 
improves the overall number of calls that can be supported by the WLAN. The 
novelty in our approach is that our scheme gives an incentive to users who are 
willing to use a lower quality codec and thus reduce the overall contention when 
there is a high traffic load in the medium. The incentive is implemented by giv-
ing priority at the AP to traffic originating from lower quality codec users. Note 
that this scheme can be easily implemented because the priority is only applied 
at the AP where the network bottleneck is located. Also, users can voluntarily 
choose the codec by monitoring their own call quality as is done in Skype. 

In order to understand the benefits of the above proposed scheme, we de-
velop a detailed analytical model. Based on our analytical model that we de-
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velop in Chapter 3. In particular, we extend the existing model to accommodate 
multi-codec voice streams and to include an internal collision caused by the 
use of priority at the AP. Note that in [120] and [145] the authors investigated 
the use of multiple queues based on the IEEE 802.11e protocol, however, they 
did not consider the effect of internal collisions. We will show through our 
analytical model that the impact of this internal collision cannot be neglected. 

We assess the quality of calls in the WLAN using the proposed scheme 
using the ITU-T E-model [19] as discussed in Chapter 2. Note that although 
the analytical model has been developed to analyze the scenario outlined in 
Section 5.1, the proposed model is sufficiently versatile to enable study of a 
range of scenarios, such as the interactions between voice and video traffic in a 
WLAN using the IEEE 802.11 QoS mechanism. Additionally, the model allows 
the investigation of a range of network parameters such as collision probability 
and queue utilization at a station and allows different network metrics, such as 
throughput, to be derived. The model is also flexible enough to be extended to 
incorporate other traffic types, such as traffic generated by TCP connections. 

Concurrent VoIP and TCP traffic in IEEE 802.11 WLANs 

There is a variety of literature that investigates the performance of an IEEE 
802.11 WLAN when the wireless channel carries VoIP and TCP data traf-
fic [20, 21, 90, 102, 120, 133, 136, 147, 163–168] where channel access is con-
trolled either using DCF or EDCA. Whereas in the previous section, the lit-
erature was mainly concerned with VoIP flows only, in real networks this is 
unlikely, and the VoIP flows have to compete for the channel with concurrent 
TCP data flows, such as Web traffic or Email. Due to the increased level of 
contention in the WLAN, it is anticipated that the overall number of VoIP calls 
is further reduced. This drop in capacity is shown in [163], where Bellalta 
et al. show that the aggregated VoIP throughput is slightly reduced when the 
channel is shared with downlink TCP flows, such as a file download. However, 
Bellalta et al. [163] also show that the throughput is significantly reduced if the 
channel is shared with uplink TCP flows. We will discuss the reason behind the 
difference later in Chapter 6. Bellalta et al. also propose a new channel access 
mechanism using the IEEE 802.11e QoS mechanism to improve the throughput, 
whereby a smaller contentions window is set at the AP. Similar results in terms 
of aggregated TCP and VoIP throughput are shown in [147]. In [147] Kim et 
al. also provide a delay analysis if the channel access uses DCF and EDCA. Fur-
thermore, in [147] it is proposed to use a so-called vDCF (voice DCF), which is 
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based on piggybacking and packet bursting. Lucani et al [133] show that with 
an increasing number of web users generating TCP traffic, the number of VoIP 
calls in an 11 MBit/s WLAN decreases from 6 to approximately 4 voice calls. 

An extensive analysis based on a Markov based analytical model is pre-
sented in [90, 104, 120, 169], where the authors consider a HCCA channel ac-
cess for VoIP and TCP data traffic is served by EDCA. Using network delay as 
a QoS measure to derive the number of VoIP calls, Harsha et al. [90] show that 
the WLAN can only support 7 voice calls if the TCP flows require 2 MBit/s of 
bandwidth. The results for TCP throughput are in line with results presented 
in [20, 167] who do not consider voice flows. 

In [170] the authors investigate by simulation the impact of uplink and 
downlink TCP flows on the experienced delay for VoIP traffic. Yu et al. [170] 
first evaluate the performance of VoIP traffic only, and the results presented 
are comparable to those presented in the discussed literature in the previous 
sections. The authors then evaluate the difference in VoIP delay when the AP 
uses a single and a dual-queue, whereby the two queues are used to transmit 
a single type of traffic only. The results for a single queue are equal to those 
presented in [163], however, using a dual-queue approach, it is shown that the 
VoIP performance is increased as the experienced VoIP delay is significantly 
reduced. 

In a recent study by Brouzioutis et al. [165], the authors develop an ana-
lytical model for the IEEE 802.11 DCF when the channel is shared between 
VoIP and TCP data traffic. The modeling approach is based on the common 
Bianchi model [119], but extended such that it can capture both traffic types. 
Using their model to derive delay, jitter and VoIP packet loss, it is shown that 
the number of VoIP calls is decreasing by two calls for each single data flow. 
For example, Brouzioutis et al. show that the WLAN can support up to 12 voice 
calls when the network delay is used to derive the call capacity, and the channel 
is used for VoIP only. However, when the channel is shared with 1, 2, 3 and 4 
data streams, the VoIP capacity is reduced to 10, 8, 7 and 5 voice calls, respec-
tively. The authors argue that the reduction by approximately two calls per data 
stream is caused by the large payload of the TCP traffic and the small RTS/CTS 
exchange prior to the transmission of TCP data traffic. 

Even though results have shown that TCP data traffic reduces the VoIP ca-
pacity in an IEEE 802.11 WLAN, there are different factors that need to be 
considered. For example, in [163] the authors consider the difference in TCP 
flow direction, however, the impact of different TCP window sizes is neglected. 
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In [170] the authors utilize a dual-queue approach similar to two different access 
categories of the IEEE 802.11e protocol, and they show that this approach pro-
vides some protection for the VoIP flows in terms of lower delay, however, the 
flow direction is not considered. The work in [145] considered MAC parameter 
tuning for VoIP and data traffic, and for example it is shown that a higher VoIP 
performance can be achieved when data traffic is present, if a smaller contention 
window is set for VoIP traffic only. However, Narbutt et al. [145] consider an 
UDP downlink stream as data traffic rather than an actual TCP stream. The 
authors argue that the benefits of using a UDP rather than a TCP data stream is 
threefold; namely that a UDP data flow will more accurately estimate the traffic 
load, that using UDP will constitute an upper bound for the throughout possible 
with TCP, and that the retransmission of lost packets is managed by the MAC 
rather than the TCP mechanism. However, by limiting the data traffic to UDP 
flows only does not take the interactions between the voice and TCP packets 
and the MAC and the TCP congestion control into account. 

In our analysis in Chapter 6, we will investigate by simulation the impact of 
uplink and downlink TCP flows on the VoIP capacity. This allows us to study 
the impact of the flow direction and, in particular, the interactions of the TCP 
and VoIP flows in either direction. Based on our initial finding, we will follow 
the approach by [145] and also consider MAC parameter tuning to increase 
the VoIP capacity and maximize the TCP throughput. However, based on our 
findings in Chapter 3 we will focus on the T XOP Limit parameter. Finally, 
we also show the impact of TCP flows on VoIP traffic, if dynamic voice codecs 
and the DCwP scheme as discussed in Chapter 5 are used and we show that 
this scheme can provide an increase VoIP capacity and higher TCP throughput 
compared to the solution based on the T XOP Limit parameter alone. To the 
best of our knowledge, this is the first work considering TCP and dynamic VoIP 
flows. 

2.4 Summary 

The focus of this chapter was twofold. First, we provided some essential back-
ground information on voice over IP, its protocols, voice codecs as well as de-
tails about how to assess the voice call quality using the ITU E-model and the 
mean opinion score. This was followed by an overview of the IEEE 802.11 
protocol with a focus on the Medium Access Control. Second, we reviewed re-
search on VoIP in wireless networks, in particular focusing on the voice capac-



55 2.4 Summary 

ity and ways to improve the limited number of VoIP calls that can be supported. 
Reviewing the literature in this area revealed that the number of VoIP calls 

able to be supported in an IEEE 802.11 infrastructure WLAN is surprisingly 
low. A number of approaches have been adopted to explore this issue, and 
for example it was shown that an IEEE 802.11b WLAN can only maintain 5 
to 7 voice calls. It is well understood that the access point is a bottleneck in 
an IEEE 802.11 infrastructure WLAN and there have been multiple proposals 
to overcome the limited VoIP capacity. Nevertheless, proposed solutions have 
limitations in terms of VoIP capacity gain or required changes to hardware, 
software or the protocol. 

In our work, we address these limitations and show how VoIP capacity in an 
IEEE 802.11 infrastructure WLAN can be substantially increased using existing 
standards without the need for additional hardware, software or changes to the 
protocol. 



3
Analysis, Improvements and 

Limits of Voice over IP in IEEE 
802.11 wireless LAN 

In Chapter 2 we showed that the access point (AP) in an IEEE 802.11 infras-
tructure WLAN is a bottleneck that severely limits the number of VoIP calls 
that can be supported. In this chapter we study the performance of voice over 
IP traffic in IEEE 802.11 infrastructure WLANs, and in particular focus on 
the voice capacity, that is defined as the maximum number of voice calls that 
can be supported in a WLAN with an acceptable level of voice call quality. 
Our analysis will confirm that the AP is a bottleneck in a wireless LAN, thus 
limiting the number of calls that can be maintained. To tackle the bottleneck 
problem and to improve the VoIP capacity, similar to [2], we use the adjustable 
T XOP Limit parameter to give preference to the AP. We show that this solu-
tion can significantly (100%) increase the number of voice conversations that 
can be maintained with an acceptable level of quality. We show that the use of 
the adjustable IEEE 802.11 MAC parameter is a tradeoff between the voice ca-
pacity and the overall system performance, and we show that our findings will 
provide an optimal solution in terms of VoIP capacity and overall system perfor-
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mance along with matching our requirements for an ideal solution as outlined 
in Section 1.1. 

This chapter is organized as follows: In Section 3.1 we give a brief problem 
description discussing the voice capacity limit and its cause. We then discuss 
our approach in Section 3.2, which is followed by the scenario description in 
Section 3.3, before we discuss our analytical model in Section 3.4. In Section 
3.5 we discuss our validation techniques and provide an overview of the sim-
ulation environment and our IEEE 802.11 wireless testbed. In Section 3.6 we 
present our results and findings with regard to the overall voice capacity and 
the capacity gain that can be achieved by applying priority to the AP only, be-
fore we conclude this chapter in Section 3.7 with a summary of findings and 
contributions. 

Overall, our contributions in this chapter can be summarized as follows: 

1. We develop a detailed analytical model to determine the maximum num-
ber of voice calls that can be supported with an acceptable voice call 
quality. Using different standards (IEEE 802.11a/b/g) we confirm that the 
voice capacity is limited by the channel access mechanism of the IEEE 
802.11 protocol rather than the available bandwidth. Note that our ana-
lytical model also accurately captures the difference between the EDCA 
and the DCF backoff process. 

2. We show that a significant increase (≈ 100%) in voice capacity can be 
achieved using the adjustable T XOP Limit parameter of the IEEE 802.11 
QoS mechanism. In particular, we show that an equal capacity gain can 
be achieved as in [2], but with a smaller value of T XOP Limit parame-
ter. 

3. We highlight that even though the voice capacity can be increased signif-
icantly using the aforementioned T XOP Limit parameter, there exists 
an asymptotic value for the maximum number of voice calls that can be 
supported when an arbitrarily large value of the T XOP Limit parameter 
is applied, and that the VoIP capacity cannot be increased beyond that 
asymptotic value. 

4. We find that there exists a value of the T XOP Limit parameter beyond 
which the voice capacity does not increase. In particular we show that 
this value is the optimal T XOP Limit value that maximizes the voice 
capacity without compromising the overall performance of the WLAN. 
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We confirm this finding by showing that a bottleneck shift will occur for 
value of T XOP Limit larger than the optimal value, resulting in exces-
sive packet loss and delay at the wireless nodes. 

5. We show that changes to the contention window size, in particular CWmin

in conjunction with the T XOP Limit parameter has only a marginal im-
pact on the number of voice calls that can be maintained, and that changes 
to the AIF S parameter in a single traffic scenario will not yield a further 
voice capacity gain. 

6. Finally, we show that our model is versatile and can also be used to ac-
curately obtain the voice capacity in WLAN for variable bit rate traffic 
flows. 

3.1 Overview and Problem Description 

In the previous chapter we have discussed the potential of VoIP in IEEE 802.11 
WLANs to replace today’s mobile phone communication, as wireless VoIP can 
provide cost savings to the user. Even though there are a variety of challenges 
associated with wireless VoIP that need to be addressed, such as interference 
or mobility, of major concern is the limited number of VoIP calls that can be 
maintained with an acceptable level of quality. In Chapter 2 we highlighted 
that an IEEE 802.11b WLAN for example can only maintain between 5 to 7 
voice calls, depending on the voice codec used. The number of calls is limited 
because in an infrastructure WLAN all traffic to and from the wireless nodes 
has to pass through the common AP, acting as a bridge between the wired and 
the wireless domain. Due to the design of the medium access control, each 
station has an equal probability of obtaining channel access. Therefore, with 
an increasing number of wireless nodes in the WLAN, the probability of the 
AP winning the channel contention is reduced, because the AP has to compete 
against all wireless nodes to access the channel for each packet on the downlink. 

Even though 5 to 7 concurrent voice calls may be sufficient in a home net-
work environment, it is insufficient in office environments, where there are com-
monly many users connected to the WLAN, or in public settings, such as in 
airport lounges or restaurants. Furthermore, the 5 to 7 voice calls is far below 
the expected number of calls if the number of calls is determined based on a 
simple bit rate calculation as shown in Section 2.3. Given that the limited VoIP 
capacity potentially slows the adoption of wireless VoIP, solutions need to be 
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developed to overcome this limitation. 

3.2 Improving the VoIP capacity 

In Section 2.3 we discussed a variety of solutions that have been proposed in 
the literature to address the limited VoIP capacity. However, as we have shown, 
none of the solutions match our requirements for an optimal solution defined in 
Chapter 1, or impact on the overall system performance. 

Our approach is based on an analytical model, and we use simulation and 
real testbed measurements to validate our findings and results. Similar to the 
work in [102, 103], we develop an analytical model using a mean-based ap-
proach, whereby we calculate, for example, the average service time of a packet, 
that can then be used to derive the number of VoIP calls that can be supported. 
Whereas the work in [102, 103] assumes that a station has an infinite buffer, 
our approach is more realistic as we consider a finite buffer at a station. In 
particular, we model a station based on an M/G/1/K queueing system where 
the station can queue up to K packets. Note that in Chapter 4 we will relax 
the buffer restriction to some degree and show that a similar number of voice 
conversations can be supported. Using an analytical model allows us to gain a 
better understanding of the interactions between the VoIP packets and the con-
tention based channel access. This insight into these interactions then allows us 
to develop a solution to the VoIP capacity problem. 

We confirm that an M/G/1/K queueing system can be used to model a 
station, by comparing the analytical results with those obtained by simulation 
and testbed measurements. We show that the results are in good agreement and 
are in line with those reported in the relevant literature, discussed in Chapter 2. 

Further to our voice capacity analysis, we show that a significant voice ca-
pacity gain can be achieved using the adjustable MAC parameter to give priority 
to the AP. Even though some of the proposed solutions to increase the number 
of voice calls in a WLAN show significant improvements, most of them require 
additional hardware or modification to the protocol. However, due to the re-
quired changes, a large scale adoption is unlikely, in particular for solutions that 
require changes to the protocol, different channel access controls or changes to 
the call admission control [127, 139, 143, 171, 172]. In our approach we aim 
for a solution that boosts the voice capacity and that also can be readily imple-
mented using existing hardware and software and does not require any changes 
to the protocol. Even though the work in [2, 130, 145] uses a similar approach, 
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we show that the proposed parameter settings are not ideal and impact on the 
overall performance of the WLAN. For example, we will show, that setting a 
value of the T XOP Limit parameter that is too large will negatively affect the 
overall performance in the WLAN to an extent that the call quality is no longer 
acceptable. In particular we show that assumptions made in [2] will not hold in 
general and that we can achieve the same capacity increase with a smaller value 
of the T XOP Limit parameter. Specifically, we show that our MAC parameter 
settings are optimal in terms of voice capacity and overall system performance. 

3.3 Scenario and system configuration 

In this scenario we consider an IEEE 802.11e infrastructure WLAN as shown 
in Fig. 3.1. 
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Figure 3.1: Infrastructure VoIP WLAN topology 

In this network voice traffic to and from any mobile node must flow through 
the common AP acting as a base station. Since every station including the 
AP has the same chance to access the wireless channel, the probability of the 
AP winning a channel access decreases with an increasing number of wireless 
nodes that maintain a voice call. This is because the AP has to compete against 
all wireless nodes to access the channel for every packet of the downlink stream. 
As the probability of the AP winning channel access decreases, the AP becomes 
a bottleneck and packets from the downlink streams start to build up at the AP 
buffer. If the number of voice calls keeps increasing, at some stage, the AP 
will start to drop packets due to buffer overflows and the quality of the voice 
call starts to degrade. A variety of network metrics can be used to determine 
the user perceived voice call quality. Here we use packet loss as an indicator 
and define a packet loss threshold, over which the satisfactory user-perceived 
quality for a call cannot be maintained. 
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In our analysis we use the network, MAC and traffic parameters as outlined 
in Table 3.1. 

Network & IEEE 802.11 MAC parameter 

PHY 802.11b 802.11a 802.11g 

Channel rate 11MBit/s 54Mbit/s 54MBit/s 

Basic rate 1MBit/s 1MBit/s 1MBit/s 

Backup Slot length σ 20 µs 9 µs 9 µs 

CWmin 31 15 15 

CWmax 1023 1023 1023 

TSIFS 10 µs 16 µs 10 µs 

TAIFS 50 µs 34 µs 28 µs 

Max. backoff stage (m) 5 

Retry limit (R) 7 

Buffer size (K) 50 packets 

Traffic/Data details 

PLCP & Preamble 192 µs 20 µs 20 µs 

MAC Header + PCS 24.7 µs 5 µs 5 µs 

RTP/UDP/IP Header 29.1 µs 5.9 µs 5.9 µs 

Voice payload L×8
Channel rate µs 

ACK frame 112 µs 

Table 3.1: Network parameters for IEEE 802.11a/b/g wireless LAN 

3.4 The analytical model 

Let us consider an IEEE 802.11 infrastructure WLAN consisting of one ac-
cess point (AP) and N − 1 wireless nodes. Each wireless node maintains a 
full-duplex VoIP call to a node outside of the wireless network using the same 
voice codec. Here we only consider voice traffic and no other cross traffic, such 
as TCP traffic. We assume EDCA basic access is used over an ideal channel 
without interference or hidden terminals. Unless stated otherwise, the indices a 
and n correspond to the access point and a wireless node, respectively. 

Let λn be the packet arrival rate of a wireless node in the network shown in 
Fig. 3.1. The arrival rate at the AP is a superposition of all the individual rates 
of voice traffic from N − 1 wireless nodes and is given by λa = (N − 1)λn. 
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Denote the packet service rate of the AP and a wireless node by µa and µn, 
respectively. Assuming packets arrive at a node according to a Poisson process, 
an M/G/1/K queueing model can then be used to model the wireless node and 
the AP, where the latter serves packets in batches of η packets. Note that K is 
the number of packets that can be queued at a station (wireless node and/or AP) 
and can take different values at the wireless node and the AP. Note that even 
though the assumption of packets arriving as a Poisson process is coarse, as the 
packet arrival of an individual call is deterministic [173], it can, in part, model 
the superposition of multiple periodic streams at the AP, which in turn is the 
bottleneck determining the VoIP capacity in this network. Using an M/G/1/K 

model enables us to study the relation between the average arrival and services 
rates which are the key to determining the number of voice calls that can be sup-
ported. In [174] it has been shown that the Poisson assumption is an adequate 
approximation. To this end we have conducted extensive simulation and mea-
surements over an IEEE 802.11 WLAN testbed (see Section 3.6) with a range 
of parameters using periodic streams and confirm the validity of the Poisson 
approximation. 

The queue utilization can be expressed as ρi = λi/µi, i ∈ {n, a} where ρi
is also the probability that a station has a packet to send. Thus a station will be 
idle with probability 1− ρi. Our analysis is based on a fixed-point formulation 
between the collision probability seen by a packet transmitted on the channel 
and the attempt rate per slot of a station. The latter is conditioned on a station 
that has packets to send, i.e. the queue is nonempty. In the following we estab-
lish the fixed-point equations and derive the average service times associated 
with the AP and wireless node, respectively. 

As outlined in Chapter 2 the IEEE 802.11 protocol [4] specifies that a station 
has to wait a random period of time measured in backoff slots before attempting 
to transmit its packet. The backoff is uniformly and randomly selected from 
[0, CW − 1], where CW is the current contention window with the initial value 
of CWmin = W . Collision occurs if more than one station transmits in the 
same slot. If a collision occurs, the contention window of the sender is doubled 
(unless the maximum value (CWmax = 2mCWmin, m ≥ 1) has been reached) 
and the packet is scheduled for retransmission. The contention window is reset 
to CWmin when the packet either has been successfully transmitted or discarded 
when the retransmission limit R (R ≥ m) is reached. 

Let τi, i ∈ {n, a} be a conditional attempt rate per slot of a station (i.e. the 
ratio of the number of attempts to the time spent in backoff measured in slots 
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provided that the station has packets to send). Knowing that ρi is the probability 
that a station has packets to send, the probability that a station is attempting to 
transmit in a slot is given by ρiτi, i ∈ {n, a} [175]. Assuming each packet 
collides with constant and independent probability ci, i ∈ {n, a}, a fixed point 
formulation can be established for a wireless node and the AP, respectively as 

cn = 1− (1− ρnτn)N−2(1− ρaτa), (3.1) 

)N−1ca = 1− (1− ρnτn , (3.2) 

where ρnτn and ρaτa is a function of cn and ca. Note that Eq. (3.1) and Eq. (3.2) 
are based on the fact that transmission from a wireless node can collide with a 
transmission from one of the remaining N −2 wireless nodes or the AP, whereas 
the AP can only collide with one of the N − 1 wireless nodes. To complete the 
fixed point equations, we first devise the average service time of a station and 
then determine the function ρiτi, i ∈ {n, a}. 

As in [103], the average packet service time of a wireless node can be de-
composed into three components: i) the actual collision and successful trans-
mission time of the packet; ii) the interruptions to the backoff due to collisions 
and successful transmissions by the remaining N − 2 wireless nodes and the 
AP; and iii) the average backoff during which the channel is sensed idle. 

For the first component, the collision and successful transmission time of a 
voice packet is defined as 

Tc = Tp + TACKTO
+ TAIFS, (3.3) 

Ts = TAIFS + Tp + TSIFS + TACK , (3.4) 

where Tp, TACK are the transmission times of the packet and acknowledge-
ment, TACKTO

is the ACK timeout period of an unsuccessful transmission, and 
TAIFS, TSIFS are the duration of the arbitrary and short inter-frame spaces in 
[µs], respectively. As a packet can collide several times before its successful 
reception, the average collision time tn caused by a single wireless node during 
a packet service time 1/µn is given by 

Rtn 1 i Tc cn
= cn(1− cn)iTc ≈ . (3.5)

2 2 i=1
R→∞ 2(1− cn)

Note that the 1/2 factor in the above expression is based on the assumption that
a collision is due to simultaneous transmissions from two stations only, and thus
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the average collision time caused by a wireless node is half of the total collision 
time experienced by all stations. Similarly, the average collision time caused 
by the AP is given by 

ta Tc ca
= , (3.6)

2 2(1− ca)
where Tc is defined as in Eq. (3.3) because only the first packet in the transmitted 
TXOP-frame from the AP would experience a collision. 

For the second component, the average packet service time of a wireless 
node 1/µn consists of the average successful transmission time given as 

1 λa 1
(N − 2)λn Ts + (Ts + (η − 1)Ts

∗) (3.7) 
µn η µn

and the average collision time of the other (N − 2) wireless nodes and the AP 

1 tn λa 1 ta
(N − 2)λn + . (3.8) 

µn 2 η µn 2

Note that Ts
∗ = Tp+2TSIFS+TACK and ta/2 in Eq. (3.8) is defined in Eq. (3.6). 

Also note that the term λa/η in Eq. (3.7) and Eq. (3.8) is due to the fact that for 
each channel access the AP can send up to η packets in its TXOP-frame. 

For the third component, the average backoff duration of a wireless node 
wn, each transmission attempt has a collision probability cn and a successful 
transmission probability of (1 − cn). Recall that for each collision the con-
tention window is doubled unless the maximum contention window size has 
been reached, i.e. W = CWmax = 2mCWmin. Then with a maximum backoff 
stage m and a retry limit R, the average backoff can be calculated using 

W − 1 2W − 1
wn = (1− cn) + (1− cn)cn

2 2
22W − 1 2mW − 12 R−1+(1− cn)cn + . . . + cn  i

2 2 
R−2

j=1 αjW − 1 2mW − 1i R−1= (1− cn)cn + cn , (3.9)
2 2i=0

where αj = 2 if j ≤ m, and 1 otherwise. Note that wn in Eq. (3.9) is given 
in backoff slots, each of a length of σ[µs]. 

Based on Eq. (3.9) the conditional attempt rate per slot of a wireless node 
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can be immediately derived as 

�R i
i=0 cnτn = , (3.10) 
wn

where the numerator is the average number of transmission attempts per packet 
of the wireless node during its backoff period. 

However, in contrast to the model in [103], the actual length in µs of the 
average backoff is not simply wnσ because the backoff counter is managed 
differently in EDCA [89]. In particular, after every channel activity, the backoff 
counter in EDCA is resumed one slot time before the AIF S timer elapses. On 
average, during the backoff of a wireless node, the number of times the channel 
is sensed busy is given by 

N − 1
n = 2ρn (N − 2) + , (3.11)

η 

which can be derived based on the average number of successful transmissions 
and collisions from Eqs. (3.7) and (3.8) and the fact that arrival of packets at the 
AP is the superposition of many individual voice traffics in that network, i.e., 

λa = (N − 1)λn. (3.12) 

Furthermore, according to the EDCA mechanism, a station has to wait either 
an additional slot when the medium is idle or an additional AIF S period when 
the medium is sensed busy, before attempting to transmit. The former occurs 
with a probability 1 − cn, while the latter with a probability cn. Thus the third 
component in [µs] can be expressed as 

(wn − n)σ + (1− cn)σ + cnTAIFS. (3.13) 

Based on Eqs. (3.4), (3.5), (3.7), (3.8) and (3.13) the average packet service 
time of a wireless node is given by 

1 tn
= ((N − 2)ρn + 1) Ts +

µn 2

N − 1 ta
+ ρn Ts + (η − 1)Ts

∗ +
η 2

+ (wn − n + 1− cn)σ + cnTAIFS. (3.14) 

We now find the attempt probability and average service time of the AP. By 
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replacing cn with ca in Eq. (3.10) the conditional attempt rate per slot of the AP 
immediately follows as 

R i
i=0 caτa = , (3.15) 
wa

where wa is the average backoff of the AP given by 

R−2 i − 1j=1 αjW 
= (1− ca)c iwa a 2i=0

R−12
mW − 1

+ca . (3.16)
2

Because the AP is allowed to send up to η ≥ 1 packets consecutively, the 
average service time of the TXOP-frame consists of two parts: (i) the average 
service time of the first packet in the frame (1/µa1), and (ii) the total average 
service time of all the subsequent packets in that frame (1/µa2). 

The average service time of the first packet in a TXOP-frame is calculated 
in a similar way to Eq. (3.14) by appropriately using the collision probability ca
instead of cn. Therefore the first part of the average service time of the TXOP-
frame is given by 

1 λn tn
= (N − 1) Ts +

µa1 µa 2

ta
+ Ts +

2

+ (wa − a + 1− ca)σ + caTAIFS, (3.17) 

where ta/2 is given in Eq. (3.6), wa in Eq. (3.16) and a is defined as 

λn
a = 2(N − 1) . (3.18) 

µa

After the first packet of the TXOP-frame is served, all the subsequent pack-
ets in that frame have an equal service time of Ts

∗ [µs]. This is because the 
remainder of packets in the frame do not need to contend for the channel ac-
cess. Thus 

1
= (η − 1)Ts

∗, (3.19) 
µa2

and the average service time of a packet sent by the AP can then be calculated 
as follows: 

1 1 1 1
= + . (3.20) 

µa η µa1 µa2
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Equations (3.1), (3.2), (3.10), (3.14), (3.15) and (3.20) constitute a set of 
fixed-point equations that can be solved iteratively to obtain the collision proba-
bilities ci and the conditional attempt probability τi, as well as ρi = λi/µi, i ∈ {n, a}. 

Having obtained ρi, i ∈ {n, a}, we require the average packet loss κ of a 
voice call to be less than 2% to have an acceptable level of quality [65]. The 
maximum number of supported voice calls (C) is the number of calls such that 
the packet loss probability at the AP (pa) of a voice call is kept to less than κ. 
Because the average packet loss seen by the AP is also the average packet loss 
of an individual call, and the buffer at the AP is the bottleneck, pa can then be 
approximated by 

(1− ρa)ρKapa ≈ . (3.21)
1− ρK+1

a

To obtain C, we repeatedly solve the above non-linear system of equations 
by incrementing the number of voice calls. Although the voice quality depends 
on both the average packet loss and the end-to-end delay, capacity C is calcu-
lated based on the packet loss only. This is because when the AP is the bottle-
neck, packet loss will be the main factor causing degradation in voice quality. 
We will look at the delay as well when this bottleneck is shifted as shown in the 
next section. Note that Eq. (3.21) is a blocking probability of an M/M/1/K 

queue [176] by assuming exponential service time at the AP and thus it is only 
an approximation for the packet loss probability. As the M/G/1/K model is a 
generalized M/M/1/K model where the service time µ is no longer exponen-
tial [118], we can use the blocking probability in Eq. (3.21) as an approximation 
for the packet loss probability of the M/G/1/K model. In the next section, we 
show that this approximation is reasonable and matches well with the packet 
loss observed from simulations and testbed measurements. Also we assume 
here that packet loss is only due to the buffer overflow at the AP, and not caused 
by packet collision or channel errors. 

3.5 Validation 

3.5.1 Simulation 

To validate the results obtained by the analytical model, we performed simu-
lations using the common ns-2 (version 2.28) [177] simulation tool. To enable 
quality of service, we use the EDCA extension from the TU-Berlin [178], that 
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implements the four different access categories and allows the adjustment of 
different MAC parameters. More details about the EDCA extension are avail-
able in [179, 180]. 

The simulation WLAN consists of a single wired node, an access point (AP) 
and N − 1 wireless voice nodes (WNs), as depicted in Fig. 3.2. 

Access 
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WN WN
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UDP Agent 1
LossMonitor 1

UDP Agent 2
LossMonitor 2

11Mbit/s, IEEE 802.11e
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LossMonitor 1
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...

LossMonitor 3

LossMonitor N
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Wired network Wireless network

Measurement node Traff c nodes

WN

UDP Agent N

WN

UDP Agent 3
LossMonitor 3

Figure 3.2: NS-2 simulation IEEE 802.11(e) testbed 

In the simulation we consider multiple full-duplex voice calls between the wired 
source outside the WLAN and the different wireless voice nodes. In this setup, 
the wired node is used to generate the downlink voice flows and to receive 
the uplink voice flows of the wireless voice nodes and, as shown, is directly 
connected to the AP. The AP is configured to uses an IEEE 802.11b WLAN 
with EDCA enabled. Here each voice station (wired/wireless) uses a UDP agent 
([Agent/UDP]) that generates a constant bit rate traffic flow with an average 
packet rate of λ packets per second ([Application/Traffic/CBR]) to 
emulate voice flows with different voice codecs, such as a G.729 or G.711 voice 
codec with different sampling rates. All parameter settings, for example CWmin

or the buffer size K, are set according to the values shown in Table 3.1 in 
Section 3.3. 

A loss monitor ([Agent/LossMonitor]) is used to obtain different 
traffic metrics, such as received bytes and the number of packets received. The 
simulation uses a recording function to read the different metrics and to write 
(record) these details into a log-file on a per second base. During the post-
processing a variety of statistics, such as packet loss and delay are derived based 
on this output as well as additional log-files. 
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Each simulation was run such that every 10 seconds and additional voice 
call was added to the wireless network. For example, at time T0

1 the simulation 
starts; at T10 the first VoIP call is added to the WLAN, at T20 the second call 
is added and so forth, until the maximum number of calls is reached indicated 
by packet loss above the QoS threshold of 2%. The average packet loss is then 
calculated over a 10 s time period using 100− (PRX/PTX)× 100, where PRX

is the total number of packets received and PTX is the total number of packets 
sent. To assure statistical accuracy, the average packet loss is also reported using 
a 95% confidence interval. Note that because of the difference in obtaining 
packet loss between the simulation and the analytical model and because the 
analytical model may not capture all interactions observed in the simulation, 
there may be a slight difference in results obtained using the model and the 
simulation. Nevertheless, we will show in later sections and other chapters, 
that overall the simulation results are in good agreement with results obtained 
analytically. 

Finally, to differentiate between traffic from the AP and the wireless nodes, 
the AP and the wireless nodes were placed in different access categories where 
all MAC parameters were set equal. This is achieved by setting a different value 
for the prio parameter in the simulation script, whereby the different param-
eter for each access category are set in the priority.tcl file located in a 
mac/80211 e/ subdirectory as outlined in [179,180] and shown in Appendix 
A. 

3.5.2 WLAN testbed 

In addition to simulation, we used an IEEE 802.11 infrastructure WLAN testbed 
to further validate our results obtained using the analytical model. The wireless 
testbed consisted of a single AP and multiple wireless nodes. In this testbed, a 
desktop PC is used as an AP and the wireless nodes are a combination of desk-
top PCs, Netbooks as well as embedded devices, and is shown in Fig. 3.3, and 
an overview of the system hardware and operating system is given in Table 3.2. 

Each system is equipped with an Atheros2 802.11 wireless card using a 
version of the MADWIFI3 driver. The MADWIFI wireless drivers are used 
because of their support of the IEEE 802.11 QoS mechanism. In particular, the 

1Tii = time in seconds
2http://www.qca.qualcomm.com/
3http://www.madwifi-project.org
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Figure 3.3: IEEE 802.11 wireless testbed at the Centre for Advanced Internet Archi-
tectures (CAIA) 

IEEE 802.11 QoS mechanism is supported using WME (Wireless Multimedia 
extensions) [181]. To be backwards compatible, WME can be deactivated if 
required. In this case, the MADWIFI driver use the default IEEE 802.11 DCF 
instead of EDCA. Enabling WME also allows the adjustment of the AIF S, 
T XOP Limit and the contention window MAC parameter. 

In Figs. 3.4 and 3.5 we show the default WME parameters for the Linux and 
the embedded devices. As shown, the wireless multimedia extension supports 
eight different user priorities with four access categories, best effort (AC BE), 
background (AC BK), video (AC VI) and voice (AC VO) and allows the ad-
justment of CWmin, CWmax, AIF S and the T XOP Limit. Note that there is 
a difference in setting the T XOP Limit between Linux and and embedded de-
vice running TinyBSD. As shown, the Linux device specifies the T XOP Limit 

in milliseconds [ms], whereas in TinyBSD the T XOP Limit is set as an inte-
ger in units of 32 µs (e.g. 94 × 32µs = 3008ms). Also note that the shown 
T XOP Limit parameter is set for an IEEE 802.11a/g WLAN and requires ad-
justment for an IEEE 802.11b WLAN. The AIF S and contention window size 
values are set in slots and the slot length depends on the underlying PHY and 
in this thesis are set according to the parameters specified in Table 3.1. 

The embedded Unix devices are equipped with an AMD Geode CPU, 128 
MB Ram and use a 512 MB compact flash card as main storage. As shown 
in Fig. 3.6 the embedded device has two wireless interfaces and a single wired 
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Figure 3.4: WME parameter on Linux devices 

Figure 3.5: WME parameter on embedded devices (TinyBSD) 



72 3.5 Validation 

System OS WLAN Chipset 

3 x Desktop PC Linux 2.6.32 802.11a/b/g AR5413 

5 x Acer Netbooks Linux 2.6.32 802.11b/g AR928X 

3 x Embedded devices TinyBSD 6.2-Release 802.11a/b/g AR5212 

Table 3.2: System overview 

ethernet port. Whereas the desktop PCs and the Netbooks run a Linux 2.6.32 
as the operating system, the embedded devices are configured with TinyBSD 
6.2 [182]. 

Figure 3.6: Embedded Linux device 

The network is setup such that the wireless devices connected to the com-
mon AP using a private subnet. Furthermore, each of these devices was also 
connect to a wired control network, as shown in Fig. 3.7, that was used to send 
different commands to the wireless nodes without interfering with the WLAN. 
Also, for the measurements, the RTS/CTS mechanism has been deactivated 
along with other manufacturers’ features such as fast-frames or bursting and 
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the channel rate was fixed to 11MBit/s on a pre-selected channel using the 
IEEE 802.11b PHY. The WLAN testbed is located in an office at the Centre for 
Advanced Internet Architectures4, and to limit potential interference by other 
wireless devices operating in the 2.4GHz range in the vicinity of the testbed, 
measurements were performed during the late afternoon, evenings or on week-
ends. 

Access 
Point

Switch

1 2 3 N

Wired control network

Wireless network

Figure 3.7: Stylized wireless testbed at CAIA 

The wireless VoIP traffic was generated using the MGEN5 traffic generator 
(version 4.2) with a modified log-file generator. The measurement data obtained 
in the testbed included packet loss, delay, throughput and jitter. The MGEN 
scripts were setup such that the traffic pattern would correspond to G.711 voice 
calls with a 10 ms sampling rate. Henceforth, MGEN generated 100 pack-
ets per second per uni-directional call (200 packets per bi-directional call) and 
each packet had a payload size of 80 bytes. Note that the minimum payload 
size MGEN can support is 28 bytes. The minimum payload size however, is 
larger than the payload of of G.729 voice packets that have been generated with 
either a 10 ms or 20 ms sampling rate. However, the slightly increased payload 
increases the transmission time of the payload only from 7.27 µs to 20.36 µs, 
and the difference of 13.09 µs on the total successful transmission time of a 
packet is negligible, and thus will not affect the results in terms of the number 
of calls that can be supported. 

4CAIA, http://caia.swin.edu.au
5http://cs.itd.nrl.navy.mil/work/mgen/
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The measurements were setup such that a new bi-directional call was added 
to the WLAN every 10 seconds. Due to the limited equipment, a maximum of 
10 voice calls can be simulated. The measurement results were processed with 
a variety of scripts to extract the required information. The modified log-files 
were used and processed with the TRPR6 tool that generated a variety of plots, 
e.g. the interarrival time (jitter) at a node. 

Our IEEE 802.11 WLAN is somewhat similar to testbeds described in the 
literature [2, 27, 64, 65, 108, 111, 145]. Whereas [64, 108] use an in-house voice 
traffic generator (VGEN) with a similar WLAN setup to the CAIA WLAN, 
[27, 109] use the ORBIT7 WLAN testbed for their measurements. The WLAN 
testbed in [2] is similar to our WLAN testbed, because it consists of a variety of 
embedded devices, desktop and laptop computers, and also uses the MADWIFI 
drivers. Similar to [2] we also adjusted the buffer settings in the network driver. 

3.6 Results and Discussion 

3.6.1 DCF = EDCA 

As briefly outlined in Chapter 2 and Section 3.4 there exists a difference be-
tween the backoff behavior of DCF and EDCA, which affects the voice per-
formance in the WLAN. The IEEE 802.11 protocol defines for DCF that the 
backoff counter is resumed after the AIFS timer has elapsed and that a station 
can attempt to transmit to the channel whenever its backoff counter reaches 
zero. In contrast, in EDCA, the backoff counter is resumed one slot time before 
the AIFS timer elapses. Thus, whenever the backoff counter is interrupted due 
to a busy channel, an EDCA station gains one time slot compared to a DCF 
station. Additionally, an EDCA station has to wait either an additional slot or 
an AIFS period if its counter has reached zero, before attempting to access the 
channel, depending on whether the medium has been sensed free or busy. 

In Fig. 3.8 we show the average packet service rate of the AP for G.729 
voice calls with a 10 ms sampling rate using an EDCA and DCF backoff pro-
cess with a default TXOP value, as well as the packet arrival rate at the AP. 
Assuming TAIFS = TDIFS = 50µs, then the AP achieves a slightly higher av-
erage packet service rate when EDCA is used. Note that in Fig. 3.8 we show 
trendlines demonstrating the decreasing average packet service rate with an in-
crease in packet arrival rate for an increasing number of VoIP calls, rather than 

6http://pf.itd.nrl.navy.mil/proteantools/trpr.html
7http://www.orbit-lab.org/
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discrete points. Results obtained in this chapter are based on this increased ser-
vice rate using the EDCA mechanism. Even though the difference in service 
rate has no impact on the overall VoIP capacity, it is important from the model-
ing point of view, as other internal parameters such as the collision probability 
are affected by it. 

Unless otherwise stated, in this thesis we consider EDCA and the difference 
in backoff behavior is captured by our analytical model. A detailed analysis 
and discussion about the impact of the different backoff behaviors of DCF and 
EDCA can be found in [89]. 
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Figure 3.8: Average packet service rate at the AP using the DCF and EDCA back-
off for a G.729 voice call with a 10 ms sampling rate and default TXOP 
parameter (η = 1), obtained analytically 

3.6.2 VoIP capacity 

Before we evaluate the performance gain that can be achieved using the ad-
justable T XOP Limit parameter, we confirm the limited voice capacity in 
IEEE 802.11 WLAN using our analytical model where the T XOP Limit pa-
rameter η is set to 1. 

In Fig. 3.9 we show the average number of packets queued at the AP and 
the wireless node with an increasing number of voice calls in the WLAN. As 
shown, with an increasing number of voice calls in the WLAN, packets are 
queued at the AP and the wireless nodes. As the maximum buffer size is set to 
K = 50 packets, once the queue at a station is saturated, packet loss occurs. As 
shown, the WLAN can maintain up to 6 voice calls using a G.711 voice codec 
with a 10 ms sampling rate before the queue size would exceed its limit. For 
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G.729 voice calls, the AP buffer size is exceeded once the 8th call joins the 
WLAN, hence only 7 calls can be supported. Similar results can be observed 
for the voice codecs when a 20 ms sampling rate is used. It can also be seen that 
the number of queued packets at the wireless nodes also increases. However, as 
on average a wireless voice node can access the channel more frequently, and 
also has a lower packet arrival rate than the AP, only a small number of packets 
are queued at any given time. Observe that the queue utilization at a wireless 
node is marginally higher when a G.711 voice codec is used. This is because the 
payload size of a G.711 packet is 80 bytes, and thus the total transmission time 
is larger than that of a G.729 voice packet with a 10 byte payload. Furthermore, 
it can be observed that the average number of queued packets at a wireless 
station is approximately halved if a G.7xx voice codec with a 20 ms sampling 
rate is used. This is because the voice codec only generates half as many packets 
per time unit, thus, on average halving the number of queued packets. 
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Figure 3.9: Average number of packets queued at the AP and the wireless node for 
G.729 and G.711 voice calls with a 10 ms and 20 ms sampling rate, ob-
tained analytically 

Our analytical results confirm the limited VoIP capacity as reported in the 
literature. Note that here η = 1, that is, a station can transmit a single packet per 
channel access. We will demonstrate the benefits of the previously discussed 
solution using η > 1 in the next section. 

3.6.3 VoIP capacity improvements using TXOPLimit

In this section we show the capacity gain that can be achieved when preference 
is given to the AP using the adjustable T XOP Limit parameter. Recall that we 
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define the T XOP Limit parameter as packets per channel access and denote 
the parameter as η. 

In Fig. 3.10 we show the packet loss probability at the AP obtained using 
Eq. (3.21) for G.729 and G.711 voice calls with 10 ms sampling rate and se-
lected values of TXOP parameter η. It can be observed that for η = 1 (default 
TXOP) the network can accommodate up to 7 voice calls using a G.729 codec 
before the packet loss threshold κ = 0.02 (2%) is exceeded. For η = 5 the voice 
capacity is almost doubled with 12 voice calls using the same codec. A similar 
number of voice calls is reported in [2], but with a larger TXOP value where the 
authors set the TXOP value equal to the number of expected voice calls. Also 
observe that the measurement results obtained using our testbed for a G.711 
voice call with a 10 ms sampling rate match the analytical results closely. Note 
that due to limited testbed equipment, experimental results are only shown for 
the TXOP parameter η = 1 and η = 2. Also note that items marked by an 
asterisk (*) are results obtained through measurements in a WLAN testbed, 
and to mitigate for fluctuations in the obtained results, caused by potential in-
terference, the WLAN measurement results are shown with a 95% confidence 
interval 
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Figure 3.10: Packet loss probability at the AP for G.729 and G.711 voice calls with a 
10 ms sampling rate and selected values of TXOP, obtained analytically 
and by testbed measurements (indicated using an asterisk (*)). 

In Table 3.3 we show analytical results for the number of calls an IEEE 
802.11b WLAN can support for G.729 and G.711 voice codecs with a 10 ms 
and 20 ms sampling rate and selected values of TXOP parameter η. 

The increase in VoIP capacity with increasing values of T XOP Limit pa-
rameter is because the average queue utilization at the AP is significantly lower, 
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Voice codec 
η G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
1 7 6 14 12 
5 12 11 24 21 
10 14 13 27 24 

Table 3.3: Number of voice calls in an IEEE 802.11b WLAN with an 11 MBit/s data 
rate and selected values of TXOP parameter, obtained analytically 

as the AP can now transmit multiple packets per channel access without con-
tending for the channel again. The reduction in AP queue utilization, redi.e. a 
fewer number of packets queued at the AP is shown in Fig. 3.11 for the G.729 
and G.711 voice codec with selected values of η, obtained using the analytical 
model. 
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Figure 3.11: Number of packets queued at the AP for an increasing number of G.729 
and G.711 VoIP calls with selected values of TXOPLimit parameter η, 
obtained analytically 

In Figs. 3.12 and 3.13 we compare our analytical results with simulation 
using G.729 and G.711 codecs, respectively. Observe that the analytical re-
sults match those of the simulation closely. Note that in some cases there is 
a one call difference between the analytical and simulation results. This is 
because the analytical model uses the approximation equation Eq. (3.21) to 
obtain the packet loss, whereas in the simulation, packet loss is obtained us-
ing 100−(total number of packets received/total number of packet sent)×100. 
The difference in obtaining packet loss along with the approximation equation 
in the analytical model can potentially induce some inaccuracies that cause the 
slight difference. This means for example that the packet loss obtained using 
Eq. (3.21) shows loss in excess of the acceptable threshold, whereas the results 
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obtained by simulation are still below the packet loss threshold of 2%, and vice 
versa, thus leading to the one call difference in some cases. Overall, however, 
the analytical and simulation results are in good agreement for a wide range of 
parameter settings. 
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Figure 3.12: Analytical and simulation results for G.729 voice calls with a 10 ms sam-
pling rate and increasing values of TXOP parameter 
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Figure 3.13: Analytical and simulation results for G.711 voice calls with a 10 ms sam-
pling rate and increasing values of TXOP parameter 

We have also considered an IEEE 802.11a/g WLAN, where the maximum 
bandwidth is set to 54MBit/s. Due to the increased bandwidth, the average 
packet service time is reduced, because a) the transmission time of the packet 
(Tp) is reduced, and b) MAC and system parameters such as σ and TAIFS also 
have different values compared with an IEEE 802.11b WLAN. In Tables 3.4 
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and 3.5 we show the maximum number of VoIP calls an IEEE 802.11a/g WLAN
with a 54MBit/s data rate can support for selected values of TXOP parameter.

Voice codec 
η G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
1 21 20 42 38 
5 44 41 87 77 
10 56 52 111 98 

Table 3.4: Number of voice calls in an IEEE 802.11a WLAN with a 54 MBit/s data rate 
and selected values of TXOP parameter, obtained analytically 

Voice codec 
η G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
1 22 21 44 39 
5 46 43 92 81 
10 60 56 119 103 

Table 3.5: Number of voice calls in an IEEE 802.11g WLAN with a 54 MBit/s data rate 
and selected values of TXOP parameter, obtained analytically 

It can be observed that an IEEE 802.11g WLAN can support a slightly larger 
number of voice calls than an IEEE 802.11a WLAN. This is because there is a 
difference in the SIF S and AIF S parameters between the two protocols. In 
IEEE 802.11a WLAN, the SIFS is 16 µs, and the AIFS is 34 µs, whereas in 
an IEEE 802.11g WLAN the SIFS is only 10 µs and the AIFS is 28 µs. The 
results show that even though an IEEE 802.11a/g WLAN has approximately 
five times the bandwidth of an IEEE 802.11b WLAN, the number of calls do 
not increase by the same factor. The increase in call capacity using an IEEE 
802.11a/g WLAN is between three and four times that of an IEEE 802.11b 
wireless network. This supports the claim that the channel access rather than 
bandwidth limits the voice capacity. Here the results also confirm that a sig-
nificant capacity increase can be achieved when the T XOP Limit parameter is 
used. 

Even though setting a larger TXOP parameter at the AP can improve sig-
nificantly the voice capacity, the maximum number of voice calls is neverthe-
less limited. Figure 3.14 shows the asymptotic value for the number of voice 
calls when η » 1 obtained analytically. For example, using G.729 voice codec 
with 10 ms sampling rate, this asymptotic value is 16, in an IEEE 802.11b 
WLAN. The actual achievable voice capacity, however, is less than this asymp-
totic value. It is because increasing the TXOP value will cause the bottleneck 
to shift from the AP to the wireless nodes. Once this happens, the wireless 
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nodes have to wait an extended period of time before gaining channel access 
which then results in long delays and excessive packet loss. This is because 
the AP can transmit packets for the duration of T XOP Limit. For an extended 
T XOP Limit duration, packets arriving in the send-queue of the wireless voice 
nodes will be queued, thus increasing the delay, and at some stage buffer over-
flows will occur. In particular, we have identified that the bottleneck shift occurs 
when η > C1 where C1 is the number of calls which can be accommodated with 
a default TXOP value (η = 1). 
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Figure 3.14: Number of G.729 voice calls (asymptotic) with a 10 ms sampling rate for 
large values of TXOP parameter, obtained analytically 

The shift of the bottleneck at some large TXOP value is demonstrated by 
monitoring the average loss and delay that a wireless node experiences with 
increasing TXOP value. The average packet loss of the AP and a wireless node 
for increasing values of the TXOP parameter is shown in Fig. 3.15. It can be 
seen that for small values of the TXOP parameter, e.g. η = 5, only the AP 
experiences packet loss (on the downlink). In contrast, when η = 10, it is 
shown that the wireless node experiences excessive packet loss (on the uplink) 
before the AP starts to lose any of its packets. The discrepancy in packet loss 
between the analytical and simulation results is due to the use of the M/M/1/K 

model rather than a model with periodic arrivals and deterministic service time. 
The bottleneck shift also contributes to the difference between analysis and 
simulation seen in Fig. 3.15. However, note that despite this inaccuracy, the 
voice capacity estimate remains reasonably accurate as long as the loss is less 
than 2%. 

As shown in Fig. 3.16 the average end-to-end network delay experienced 
by the wireless nodes. Observe that for η < C1 the average end-to-end network 
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Figure 3.15: Average packet loss experienced by the AP and a wireless node for se-
lected values of TXOP parameter and a G.729 codec with a 10 ms sam-
pling rate (M = analytical model, S = ns-2 simulation) 

delay as seen by the wireless nodes (uplink) is small. For η = 10 however, this 
delay rapidly increases and exceeds a maximum delay bound, beyond which 
the quality of a voice call can not be maintained. Here the delay bound is 
set to 150 ms as in [73]. The observation that with increasing TXOP value 
the wireless nodes experience excessive loss and long delay indicates that the 
AP is no longer the bottleneck of the network. It also shows that η = C1 is 
an optimal parameter setting to obtain the maximum voice capacity in IEEE 
802.11 WLAN, as η = C1 maximizes the voice capacity without compromising 
the overall performance in the WLAN, i.e. long delays. 

3.6.4 VoIP capacity improvements using CWmin

In this section, we briefly discuss the impact of a smaller minimum contention 
window at the AP on the voice capacity in WLAN. Recall, that the CWmin

parameter defines how frequently a station can attempt to transmit. This is 
because, a station has to wait a shorter period of time (backoff) before it can 
contend for the channel, thus allowing a more frequent channel access. Due 
to the increased channel access frequency, on average, the queue utilization is 
reduced and hence the contention in the WLAN is reduced. In Figs. 3.17 and 
3.18 we show the number of G.729 and G.711 voice calls obtained analyti-
cally with different sampling rates when preference to the AP is given using 
a smaller CWmin parameter setting and η = 1. As shown, the voice capac-
ity increases by one call when the minimum contention window is half of its 
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Figure 3.16: Average uplink delay experienced by the wireless nodes for selected 
values of TXOP parameter (ns-2 simulation) and a G.729 codec with 
a 10 ms sampling rate 

default value. In most cases, further decreasing CWmin will not increase the 
voice capacity. This shows that even though CWmin can be used in conjunction 
with T XOP Limit, using our model we find that only a marginal increase in 
voice capacity is achieved when both parameters are used to give the AP advan-
tages in accessing the channel. The results concerning CWmin are in line with 
previous results reported in [122, 125, 130, 145]. 
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Figure 3.17: Number of G.729 voice calls obtained analytically for different sampling 
rates, different CWmin parameter and η = 1
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Figure 3.18: Number of G.711 voice calls obtained analytically for different sampling 
rates, different CWmin parameter and η = 1

3.6.5 VoIP capacity improvements using AIFS

Similar to the contention window size, the AIF S parameter can be used to 
influence the frequency with which a station can attempt to use the channel. 
The AIF S parameter specifies the duration the channel has to be sensed idle 
before attempting to transmit. By choosing a smaller than default value for the 
AIF S, the channel needs to be sensed idle for a shorter period of time, thus 
allowing a slightly increased frequency for the channel access. 

In this scenario we use a different AIF S parameter setting at the AP only 
to investigate if a performance gain in terms of the number of VoIP calls can 
be achieved. Here we use simulation to show the VoIP capacity gain, because 
our analytical model in Section 3.6 does not capture traffic prioritization using 
different AIF S parameters for the AP and the wireless nodes. 

In Fig. 3.19 we show the number of VoIP calls an IEEE 802.11b infrastruc-
ture can maintain for different settings of the AIF S parameter. As shown, the 
VoIP capacity is marginally increased, e.g. one G.729 voice call for an AIF S 

duration of 30µs. The slight increase in capacity is because the AP can attempt 
to transmit to the channel before any wireless node can attempt to transmit. Due 
to the shorter period the channel has to be sensed idle, the AP can, on average, 
increase its transmission rate, thus reducing the queue utilization and as a result, 
the VoIP capacity increases. Observe that the VoIP capacity is unchanged, even 
if a slightly larger AIF S parameter is set. This is because the AIF S period has 
a negligible impact on the total transmission time (Ts), and the advantage the 
wireless voice node gain due to the increased AIF S at the AP is not sufficient 
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Figure 3.19: Number of G.729 and G.711 VoIP calls for different AIFS parameter at 
the AP (ns-2 simulation) 

The results show that using AIF S to provide priority to the AP has only a 
minor impact on the overall call capacity when the WLAN carries VoIP traf-
fic only. However, the AIF S parameter can provide improved capacity if the 
channel is shared with other traffic types, such as TCP. By setting a smaller 
value of AIF S for VoIP compared to TCP for example, results in a preferential 
channel access for the voice flows. The benefits of different AIF S settings for 
voice traffic when the channel is shared with other traffic types has been shown 
in [131, 145]. 

3.6.6 Variable bit rate (VBR) voice streams 

In our previous analysis and discussion we only considered constant bit rate 
voice flows. In this section we extend our work and show that the analytical 
model developed in Section 3.4 can also be used when the voice calls generate 
a variable bit rate voice stream according to the ITU P.59 [3] recommendation. 
We then show that a voice capacity beyond the base capacity can be achieved 
when an increased value of T XOP Limit is set at the AP. Here we consider 
that the voice codecs are based on the G.729 Annex B and the G.711 Appendix 
II standard. It is because both extensions specify discontinued transmission 
(DTX), thus resulting in a variable bit rate voice stream. In Section 2.1 we 
discussed variable bit rate voice codecs and we outlined that during a regular 
conversation between two parties A and B, there are times when A is talking 
and B is silent (talk-spurt), when B is talking and A is silent (talk-spurt), when 
both parties are silent (mutual silence), and when A and B talk at the same 
time (double talk). This “on-off” behavior has been studied and analyzed and 
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the ITU P.59 standard [3] provides a recommendation for an artificial conversa-
tional speech model. In Table 3.6 we show the parameters for the four different 
scenarios outlined above. 

Parameter Duration (s) Rate (%) 
Talk-spurt 1.004 38.53 
Pause 1.587 61.47 
Double talk 0.228 6.59 
Mutual silence 0.508 22.48 

Table 3.6: Temporal parameters in conversational speech (average for English, Italian 
and Japanese) [3] 

The authors in [27] apply the above speech model to derive the voice ca-
pacity in an IEEE 802.11b WLAN. To derive the voice capacity for VBR voice 
traffic, the authors argue that the voice capacity can be obtained based on the 
voice capacity for CBR voice traffic and the activity ratio of the talk-spurt, and 
can then be calculated using [27] 

  Number of CBR calls 15
Number of VBR calls = = ≈ 38.

activity ratio 0.39

Their results shown that the WLAN can support 38 VBR voice calls instead 
of 15 CBR calls when a G.711 voice codec with a 20 ms sampling rate is used. 
However, the results in [27] for the CBR and VBR voice capacity are only a 
coarse approximation of the actual voice capacity. This is because the ana-
lytical model used in [27] does not consider collisions and the obtained voice 
capacity is based on the packetization interval and the successful transmission 
time of a packet only. The collision time cannot be neglected, because with an 
increasing number of voice calls in the WLAN, the average collision time for 
the wireless nodes and the AP increases, as shown in Fig. 3.20. Because the av-
erage collision time changes the total average transmission time of the packet, 
the average packet rate at the AP is also changed, thus leading to a skewed voice 
capacity in WLAN. 

The assumption in [27] that the number of VBR voice calls can be derived 
using the number of CBR calls induces further imprecisions. This is because, 
on average, a variable bit rate voice stream generates fewer packets per time 
unit. As a result the average packet arrival rate (λ) and hence the queue uti-
lization (ρ) at the AP changes. Because of these changes, other internal system 
dynamic parameters such as the conditional collision probability and the aver-
age collision times will change, hence affecting the calculated packet loss and 
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Figure 3.20: Average collision times of the access point and the wireless node for a 
G.729 voice codec with a 10 ms sampling rate obtained analytically 

delay at the AP, leading to a difference in voice capacity. 
To accurately obtain the number of VBR voice calls an IEEE 802.11 WLAN 

can support, let ψ denote the voice activity rate as defined in the ITU P.59 
standard and given in Table 3.6. Using the simplified assumption that the voice 
codec only generates packets when a user is talking, in this scenario ψ ≈ 0.39 =

39%, then the packet arrival rate of the VBR voice traffic at a wireless node and 
the AP is given by 

λAn = ψλn, (3.22) 

λAa = (N − 1)ψλn. (3.23) 

Now replacing λn with λAn and λa with λAa in the analytical model, the voice 
capacity can then be obtained using Eq. (3.21) such that. 

)ρK
pa ≈ (1− ρa a

1− ρK+1
a    K
λa λa1− 

=
µ a µa

. (3.24) K+1
λ�a1−
µa

In Fig. 3.21 we show the packet loss probability at the AP for G.729 and 
G.711 CBR and VBR voice calls with a 10 ms and 20 ms sampling rate and the 
voice activity rate ψ. As shown, whenever the voice codecs generate a variable 
bit rate stream, the number of voice conversations that can be maintained is 
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significantly increased. For example, the WLAN can maintain up to 7 voice 
calls using the G.729 voice codec with a 10 ms sampling rate generating a CBR 
voice stream, but the WLAN can support up to 20 voice calls if the same voice 
codec generates a variable bit rate voice stream. A similar increase in voice 
capacity can also be observed for a 20 ms sampling rate as well as for the G.711 
voice codec. We validated our results by simulation, and it can be observed that 
the simulation results are in agreement with those of the analytical model. Note 
that the simulation data is shown with a 95% confidence interval. 
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Figure 3.21: Observed packet loss for CBR/VBR G.729 and G.711 VoIP calls ob-
tained analytically and by simulation (where indicated). Note that 
the VBR VoIP call sampling rate is an equivalent rate as defined in 
Eqs. (3.22) and (3.23) 

The voice capacity increase can also be seen when a network delay is used 
to determine the number of VoIP calls. In Fig. 3.22 we show the network delay 
on the downlink when the WLAN serves G.711 and G.729 voice calls and the 
calls either generate a CBR or a VBR flow. Recall that every 10 s a new call is 
added to the WLAN. 

Even though the voice capacity is increased when the voice codecs generate 
a variable bit rate, the AP is still the bottleneck in the WLAN, limiting the 
number of voice calls. To mitigate the bottleneck problem, here we also set 
an increased value of T XOP Limit at the AP using our analytical model in 
Section 3.4 and the packet arrival rates for VBR flows as above. In Fig. 3.23 we 
show the number of G.729 and G.711 VBR voice calls with a 10 ms sampling 
rate for an increasing value of TXOP parameter. As shown, the number of 
G.729 voice calls increases from 20 to 25 voice calls for η = 2, and 32 calls 
can be supported for η = 5. 
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Note that the difference in VoIP capacity of 2 to 3 voice calls between our 
results and the results presented by Shin and Schulzrinne [27] is because i) 
Shin and Schulzrinne [27] do not consider the average collision time in their 
analytical approach to obtain the number of CBR and VBR VoIP calls, and ii) 
the number of VoIP calls a WLAN can support is derived using network delay 
in their experimental approach, rather than packet loss modeling as is done in 
our approach. Even though the call capacity is comparable, from the modeling 
point of view it is important to capture the collision times as it impacts on the 
total transmission time and therefore may lead to some differences in results. 
Furthermore, recall that in Section 3.4 we argued that the AP is a bottleneck and 
that packet loss will be the main factor for voice call quality degradation, and 
that the acceptable delay depends on the users perception of what is a tolerable 
delay. Overall, it seems likely that these differences in approach lead to the 
slight difference in VoIP call capacity observed by us and Shin and Schulzrinne. 

3.7 Summary 

In this chapter we studied voice over IP traffic in IEEE 802.11 infrastructure 
wireless networks. In particular, we focused on the voice capacity that is de-
fined as the maximum number of voice calls a WLAN can support with an 
adequate level of call quality. We have developed a detailed analytical model to 
obtain the voice capacity and confirmed that the voice capacity is severely lim-
ited. Note that our model also accurately captures the slight difference in back-
off behavior between EDCA and DCF. We then evaluate a solution to improve 
the voice capacity based on the adjustable T XOP Limit MAC parameter. The 
emphasis here was to address the AP bottleneck problem by using the adjustable 
T XOP Limit parameter of the IEEE 802.11e protocol. Using our analytical 
model we showed the effectiveness of this solution and showed that a 100% 
capacity gain can be achieved. We showed that setting a larger T XOP Limit 

at the AP improves the voice capacity significantly, and we outlined that setting 
η = C1 is an optimal TXOP value. We validated our analytical results using 
simulation as well as WLAN testbed8 measurements. This showed that the as-
sumption made in [2] that η should be equal to the number of voice calls will 
not hold. Additionally we showed that increasing TXOP beyond that optimal 
value will not increase the voice capacity. In fact, setting a larger T XOP Limit 

8WLAN testbed measurement are limited to η = 1 and η = 2, due to limited testbed 
equipment. 
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will affect the overall performance of VoIP in WLAN, because the bottleneck 
will shift to the wireless nodes. By also considering an IEEE 802.11a/g WLAN 
we confirmed that the channel access mechanism is limiting the voice capacity 
rather than the available bandwidth. To evaluate if a further capacity gain can 
be achieved, we also set different values of CWmin and/or AIF S parameter at 
the AP. Our analysis showed however, that the additional capacity gain is only 
marginal. Finally, we showed that our analytical model is versatile and can also 
be used to obtain the number of voice calls a WLAN can support if the voice 
codec generates a variable bit rate stream. 



4
The impact of the buffer size on 

the VoIP capacity 

In the previous chapter we studied voice over IP traffic in IEEE 802.11 infras-
tructure WLANs, and we confirmed that the number of voice calls that can 
be supported with an acceptable level of quality is severely limited. As in an 
infrastructure WLAN all traffic from and to the wireless nodes have to pass 
through the access point (AP), acting as a common bridge between the wired 
and the wireless network. With an increasing number of calls the AP becomes 
a bottleneck, restricting the number of voice calls. We have shown that with 
an increasing number of voice calls in the WLAN, the number of packets that 
require queueing at a station increases. This is because of asymmetric chan-
nel access, i.e. the probability with which the AP and all wireless nodes gain 
channel access is equal. Also the traffic arrival rate at the AP is a superposition 
of each individual rate at the wireless node, the number of packets that require 
queueing at the AP increases rapidly, and at some stage exceeds the available 
buffer space. As a result, packet loss occurs and the voice call quality deterio-
rates until it is deemed to be no longer acceptable. 

Following our VoIP capacity analysis, we then showed that a significant 
voice capacity gain can be achieved if a channel access preference is given to 
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the AP by increasing the adjustable T XOP Limit parameter at the AP only. 
Due to the increased T XOP Limit the AP can now transmit multiple packets 
per channel access, thus reducing the number of packets that are queued at 
the AP. We showed that then a capacity gain of approximately 100% can be 
achieved. Nevertheless, we also showed that even setting a larger than default 
value of T XOP Limit at the AP will at some stage cause packet loss, as the 
buffer is exceeded. Furthermore, we also showed that setting a too large value 
of the T XOP Limit parameter will impact on the overall performance of the 
WLAN and can cause a gradual bottleneck shift from the AP to the wireless 
nodes. 

Even though we showed that an access preference at the AP can improve 
the VoIP capacity in the WLAN, if the number of calls keeps increasing, at 
some stage the AP experiences packet loss above the defined QoS threshold 
because the packet arrival rate at the AP exceeds the combined service rate and 
buffering at the AP. In this chapter we investigate the impact of different buffer 
sizes at a station on the VoIP capacity in IEEE 802.11 infrastructure wireless 
networks, because one might assume that the VoIP capacity is increased if a 
station has a larger buffer size. However, we show that this is not the case. In 
particular, we show that there exists a buffer size with which the voice capacity 
is maximum, and further increasing the buffer size will not result in an increased 
voice capacity. We then show that this finding also holds for different QoS 
parameter settings at the AP used to mitigate the bottleneck problem. 

The remainder of this chapter is organized as follows: In Section 4.2 we 
analyze the impact of the buffer size on the number of voice calls that can be 
supported with an acceptable level of quality. We then study the buffer require-
ments when the adjustable MAC parameters are changed to given preferential 
channel access to the AP. In Section 4.4 we discuss the impact of variable buffer 
space at the wireless node, and in Section 4.5 we provide an insight into the 
buffering requirements for variable bit rate voice streams. Based on our find-
ings in Section 4.2, in Section 4.6 we develop a new analytical model and derive 
a closed-form expression for the voice capacity in IEEE 802.11 infrastructure 
WLANs. This is followed by the validation of the closed form expression in 
Section 4.6.1. Based on our closed-form expression for the voice capacity, in 
Section 4.7 we derive a novel way of obtaining the voice capacity in WLAN and 
propose a VoIP capacity approximation formula that can be used in conjunction 
with the adjustable T XOP Limit parameter. Here we will also discuss some 
further insights we can gain from this approximation. We conclude the chapter 
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in Section 4.8 with a summary of findings and contributions. 
Our contributions in this chapter can be summarized as follows: 

1. We show that there exists a minimum buffer size (Kmin) with which the 
voice capacity in a WLAN is maximum and further increasing the buffer 
will not increase the number of VoIP calls a WLAN can support. 

2. We show that the voice capacity is independent of the buffer size for 
K ≥ Kmin and we show that therefore an M/G/1/∞ queueing model 
can be used to obtain the voice capacity. 

3. Based on the M/G/1/∞ queueing model we provide a closed form ex-
pression for the number of voice calls a WLAN can support . 

4. We show that the minimum buffer size Kmin with which the voice capac-
ity is maximum also holds for variable bit rate voice streams. 

5. We show that the effect of the bottleneck shift can be reduced if different 
buffer values are used at the wireless nodes. 

6. We propose a novel way of obtaining the voice capacity in infrastructure 
WLAN, when preference is given to the AP using the T XOP Limit pa-
rameter, and we show some additional insight that can be gained for this 
novel VoIP capacity approximation formula. 

4.1 Overview & Approach 

The impact of the buffer size in IEEE 802.11 WLANs has previously been 
studied in [2, 25, 158, 183]. However, whereas [158] is concerned with TCP 
traffic in IEEE 802.11e WLANs, and the authors in [183] investigate whether 
different buffer sizes can be used to guarantee a fair channel access, Dangerfield 
et al. [2] and Malone et al. [25] investigate the impact of different buffer sizes 
on the VoIP performance. 

In [25], Malone et al. investigate the impact of small buffer sizes on the 
voice capacity in an infrastructure WLAN. In particular, Malone et al. consider 
very small buffer sizes of 1, 2, 5 and 10 packets at the AP and a wireless station. 
They showed that with an increased buffer size at the AP, the throughput can 
be increased, and that an increased number of calls can be supported with a 
larger buffer. Similar results are presented in [2], where Dangerfield et al. use 
testbed measurements to study the voice performance for variable buffer space. 
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Furthermore, Dangerfield et al. use the adjustable CWmin and T XOP Limit 

MAC parameter to increase the throughput, decrease delay and subsequently 
improve the number of concurrent voice conversations. Whereas in [25] Malone 
et al. concluded that the rapid transition from a low-loss, low-delay environment 
to a high-loss, high-delay environment is insensitive to the buffer size, in [2] it 
is suggested that the buffer size at the AP should be proportional to the number 
of VoIP calls. However, our findings indicate a different insight when a variable 
buffer size is used at a station. 

To analyze the impact different buffer size have on the voice capacity in a 
WLAN, we use our analytical model defined in the previous chapter. Recall 
that our analytical model is based on an M/G/1/K queueing model, where 
K is the queue size in packets. Even though there are many different types of 
queues [184] and queueing procedures, e.g. FIFO (first-in first-out) or LIFO 
(Last-in first-out) , here we only consider a packet based queue and FIFO. 

4.2 Buffer size analysis 

Similar to Chapter 3, we first investigate the number of voice calls that can be 
supported when the default TXOP value (η = 1) is used with different values 
of the buffer size K. Recall that in our analysis in Chapter 3 we set the buffer 
at a station to K = 50 packets. 

In Fig. 4.1 we show the number of G.729 voice calls with a 10 ms sampling 
rate that can be supported for buffer sizes of 10, 30, 50 and 100 packets, ob-
tained using our analytical model and simulation. It can be seen that for buffer 
sizes of K = 50 and K = 100 packets the number of voice calls does not 
change, and the WLAN can support 7 voice calls. This shows that even dou-
bling the buffer size at a station does not affect the number of calls that can be 
maintained. 

Reducing the buffer size to K = 30, it is shown that there is a one call 
difference between the analytical and simulation results, however, both methods 
still suggest that the number of G.729 voice calls is 7, or 6 calls as reported by 
simulation. A change in voice capacity can be observed if the buffer size is 
set to K = 10. Due to the limited amount of buffer space, the queue reaches 
saturation quicker, and as a result packet loss occurs, and then the voice capacity 
is reduced to 6 calls. 

In Table 4.1 we show the maximum number of G.729 and G.711 voice calls 
with a 10 ms and 20 ms sampling rate for different buffer sizes K, obtained 
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Figure 4.1: Number of G.729 voice calls with a 10 ms sampling rate with different 
values of the buffer size K, obtained analytically 

analytically. Observe that there exists a minimum buffer size (Kmin = 30

packets) with which the VoIP capacity is a maximum, and increasing K beyond 
Kmin will not result in an increased number of voice calls. It can also be seen 
that for buffer size K < Kmin the VoIP capacity is decreased. This is because 
the small buffer size is insufficient to cope with the difference in packet arrival 
and packet service rates at the AP. 

K G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
10 5 5 11 10 
20 6 6 13 12 
30 7 6 14 12 
40 7 6 14 12 
50 7 6 14 12 
100 7 6 14 13 
500 7 6 14 13 
1000 7 6 14 13 

Table 4.1: Number of G.729 and G.711 voice calls obtained analytically for different 
buffer sizes K in an IEEE 802.11b infrastructure WLAN 

In Fig. 4.2 it is shown analytically that increasing the buffer beyond Kmin

reduces the packet loss at the AP slightly, however, the overall VoIP capacity 
does not change. This also confirms our finding that Kmin is the minimum 
buffer size that maximizes the VoIP capacity. 

The optimality of the above Kmin buffer size can also be observed by ex-
amining the network delay (obtained by simulation), as shown in Fig. 4.3. As 
shown, for Kmin = 30 packets, the network delay in the downlink direction 
experienced by the wireless VoIP nodes is below the strict delay threshold of 60 
ms [27] and well below the 150 ms delay bound applied in [73], while maxi-
mizing the number of VoIP calls. Observe that the experienced average network 
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Figure 4.2: Packet loss probability for G.729 voice calls with a 10 ms sampling rate at 
the AP, with η = 1 and different buffer sizes K obtained analytically 

delay increases with increasing buffer sizes. This is not unexpected, because the 
average time a packet is queued is increased as more packets can be queued at 
the AP. Nevertheless, for K = Kmin = 30 packets the delay is below very 
strict delay bounds, and as shown above, also maximizes the number of VoIP 
calls if packet loss is used to derive the VoIP capacity. Note however, that using 
delay to derive the VoIP capacity depends on the user’s perception of what is a 
tolerable delay. 
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Figure 4.3: Downlink network delay for G.729 voice calls with a 10 ms sampling rate 
with η = 1 and different buffer sizes K [D(K, η)] (ns-2 simulation) 

In Tables 4.2 and 4.3 we show the number of calls in an IEEE 802.11a 
and IEEE 802.11g WLAN for different buffer size K obtained analytically. It 
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can be seen that our observation of Kmin also holds even if a different, higher 
bandwidth PHY is used. 

K G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
10 18 17 35 32 
20 20 19 40 36 
30 20 19 41 37 
40 21 20 42 38 
50 21 20 42 38 
100 21 20 42 38 
500 21 20 42 38 
1000 21 20 42 38 

Table 4.2: Number of G.729 and G.711 voice calls obtained analytically for different 
buffer sizes K in an IEEE 802.11a infrastructure WLAN 

K G.729, 10 ms G.711, 10 ms G.729, 20 ms G.711, 20 ms 
10 18 17 37 33 
20 21 20 41 37 
30 21 20 43 39 
40 22 20 44 39 
50 22 21 44 39 
100 22 21 44 39 
500 22 21 44 39 
1000 22 21 44 39 

Table 4.3: Number of G.729 and G.711 voice calls obtained analytically for different 
buffer sizes K in an IEEE 802.11g infrastructure WLAN 

4.3 Buffer requirements for adjustable IEEE 802.11 
MAC parameter 

4.3.1 Effects of different TXOPLimit parameter values 

In Chapter 3 we showed that a significant voice capacity gain can be achieved 
when the adjustable T XOP Limit parameter of the IEEE 802.11 medium ac-
cess control is used to give a channel access preference to the AP. In this section 
we will investigate the buffer requirements for a station when a channel access 
preference is given to the AP as in Chapter 3. In particular we are interested in 
the finding of the minimum buffer (Kmin) discussed in the previous section also 
applies in this scenario, because one might argue that a smaller than Kmin = 30
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packets buffer size is required at the AP, due to the transmission of multiple 
packets per channel access. 

In Tables 4.4 and 4.5 we show the number of voice calls that a WLAN 
can maintain before the packet loss threshold of 2% is exceeded for different 
buffer size K and selected values of the T XOP Limit parameter η using our 
analytical model developed in Chapter 3 and simulation. It can be observed 
that even if the variable T XOP Limit parameter is used, the minimum buffer 
size Kmin is still sufficient to maximize the number of voice calls that can be 
maintained, and that a further increase in buffer size has no impact on the overall 
voice capacity. Also note that even though the AP can transmit multiple packets 
per channel access, setting K < Kmin reduces the VoIP capacity by 1 to 2 calls, 
irrespective of the TXOP value η. This finding further supports our claim that 
Kmin = 30 packets is an optimal buffer size for VoIP in WLANs. 

η 1 2 5 7 

K M S M S M S M S 

10 5 6 7 9 10 11 10 11 

20 6 6 8 9 11 12 12 13 

30 7 6 9 9 12 12 13 13 

40 7 7 9 9 12 13 13 13 

50 7 7 9 9 12 13 13 14 

100 7 7 9 9 12 13 13 13 

Table 4.4: Number of G.729 voice calls with a 10 ms rate for different buffer sizes 
K and selected values of the TXOP parameter η (M = analytical model, 
S = ns-2 simulation) 

η 1 2 5 7 

K M S M S M S M S 

10 5 6 7 8 9 10 10 11 

20 6 6 8 8 10 11 11 12 

30 6 6 8 9 11 12 12 12 

40 6 6 8 9 11 11 12 12 

50 6 6 8 8 11 11 12 12 

100 6 6 9 9 11 11 12 12 

Table 4.5: Number of G.711 voice calls with a 10 ms rate for different buffer sizes 
K and selected values of the TXOP parameter η (M = analytical model, 
S = ns-2 simulation) 
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4.3.2 Effects of different CWmin parameter 

Whereas in the previous section we only modified the adjustable T XOP Limit 

parameter, here we confirm that our finding of the minimum buffer size Kmin

holds when the T XOP Limit parameter and the contention window sizes are 
both adjusted. 

As we have previously shown in Section 3.6.4 adjustments to the CWmin

and CWmax parameter only marginally affect the voice capacity in WLANs. In 
Figs. 4.4 and 4.5 we show the number of voice calls that a WLAN can support 
for different buffer sizes K (10, 30, 50 and 100 packets), selected values of 
T XOP Limit parameter η (1, 2, 5 and 7 packets per channel access) as well 
as different settings for the CWmin parameter (7, 31 and 127 slots). It can be 
seen that reducing the contention window size to a smaller than default value 
(CWmin = 31) will marginally increase the voice capacity. Irrespective of 
the increase however, the buffer limit still applies, and it can be seen that the 
maximum voice capacity is reached for K = 30 packets, for all configurations 
of CWmin and η. Similar to our previous results, increasing the contention 
window to a value larger than the default will reduce the voice capacity. This 
is because the average backoff time is increased, thus increasing the average 
service time of a packet, and as a result increases queueing delay of packets at 
the AP. Similar to the previous case where the contention window was smaller 
than default, here the Kmin finding still applies, and the maximum number of 
calls is reached for K = 30 packets. The results here show that our finding still 
holds even if T XOP Limit and CWmin parameters are varied. 
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Figure 4.5: Number of G.711 voice calls with a 10 ms sampling rate obtained analyti-
cally for selected values of η, different buffer size K and CWmin parameter 

4.3.3 Effects of different AIFS parameter 

In Section 3.6.5 we have shown that changes to the arbitrary inter-frame space 
(AIF S) parameter have only a small impact on the VoIP capacity, e.g. a capac-
ity increase by one call for an AIF S value of 30µs. In Table 4.6 we show the 
number of G.729 and G.711 VoIP calls obtained by simulation for different val-
ues of AIF S parameter and different buffer sizes K. As shown, VoIP capacity 
is increased by one call for AIF S = 30µs. Also observe that our minimum 
buffer size Kmin holds, e.g. for a G.729 voice codec with a 10 ms sampling rate 
and a smaller value of the AIF S parameter. The results nevertheless confirm 
our previous finding that the overall impact of the AIF S parameter, to give 
priority to the AP only, is negligible. 

G.729, 10 ms G.711, 10 ms 

K 
AIF S 

30 µs 50∗µs 70 µs 30 µs 50∗µs 70 µs 

10 7 6 6 7 6 6 
30 8 6 6 7 6 6 
50 8 7 7 7 6 6 

100 8 7 7 7 6 6 

Table 4.6: Number of G.729 and G.711 VoIP calls with a 10 ms sampling rate for 
different buffer sizes K and selected values of AIFS parameter (∗ default 
parameter) (ns-2 simulation) 

4.4 Variable buffer space at a wireless node 

In our analysis of the buffer size and its potential impact on the voice capacity 
in WLAN we considered that changes to the buffer size K were made at a 
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station, that is the AP and/or the wireless nodes. We showed that there is a 
minimum buffer size that maximizes the voice capacity and further increasing 
the buffer will not increase the voice capacity. The assumption of setting all 
buffer sizes equal at all stations is acceptable, because we have shown that the 
limited channel access at the AP limits the VoIP capacity, rather than the limited 
buffer size. Also, in Section 3.6.2 we have shown that a wireless VoIP node, on 
average, only queues a small number of packets. In this section, we investigate 
the impact of different buffer sizes at the wireless VoIP nodes, and apply the 
default buffer size (K = 50 packets) at the AP. 

Setting different buffer size K at the wireless nodes can affect the perfor-
mance of VoIP in wireless networks. In Chapter 3 we have shown that setting 
too large values of T XOP Limit parameter η at the AP will cause a bottleneck 
shift to the wireless nodes. This is because with large values of η, the wire-
less nodes have to wait an extended period of time before they can attempt to 
transmit a packet. Due to the extended waiting period, an increased number of 
packets are queued at a node, and at some stage may exceed the queue size. As 
a result, the wireless nodes experience packet loss and long delays in the uplink 
direction. 

By setting a larger buffer at the wireless nodes (Kn > Ka) the bottleneck 
shift can be delayed. This is because the wireless nodes can now queue an 
increased number of packets, and thus packet loss only occurs if η » C1. Set-
ting a larger buffer at the wireless nodes has no impact in a low traffic WLAN, 
i.e. two to three voice calls, however, whenever the WLAN is close to saturation 
the experienced delay is increased significantly, and depending on the tolerable 
delay, the voice quality may not be acceptable, as shown in Fig. 4.6. Recall, 
that during the simulation a VoIP call is added to the WLAN every 10s, e.g. at 
time T = 30s, the WLAN carries 3 full-duplex VoIP calls, at time T = 100s 

the WLAN carries 10 full-duplex VoIP calls, and so forth. 
For example, we have shown that for η = 10 the WLAN can maintain 

14 voice calls using a G.729 voice codec with a 10 ms sampling rate, before 
the packet loss in the downlink direction exceeds the QoS threshold. However 
we have also shown, that for this configuration, the wireless nodes experience 
packet loss before the AP loses any packets, thus indicating a bottleneck shift 
has occurred. By setting a smaller buffer size at the wireless node (Kn), the 
wireless nodes can store fewer packets for the same configuration, and packet 
loss occurs earlier, as shown in Fig. 4.7 for Kn = 10. On the other hand 
setting a larger buffer at the wireless nodes compared to the AP, may delay 
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Figure 4.6: Uplink delay of G.729 voice calls with a 10 ms sampling rate, different 
buffer size K at the wireless nodes and η = 10 (ns-2 simulation) 

the bottleneck shift. As shown in Fig. 4.7, if the wireless nodes have a buffer 
K = 200, the wireless nodes experience packet loss when the 16th call joins the 
WLAN. However, the AP already exceeds the QoS threshold when the 15th call 
joins. This shows that setting larger buffer sizes at a wireless node can delay 
the bottleneck shift. 
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Figure 4.7: Uplink packet loss of G.729 voice calls with a 10 ms sampling rate, differ-
ent buffer size K at the wireless nodes and η = 10 (ns-2 simulation) 

These simulation results strongly suggest that the Kmin parameter is not 
only the minimum buffer size required to maximize the voice capacity, but it 
is also the ideal value without compromising the overall performance. Over-
all this provides strong evidence that our findings of Kmin for the buffer size 
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and η = C1 for the T XOP Limit parameter are optimal for an IEEE 802.11 
infrastructure WLAN. 

4.5 Buffer requirements for VBR voice streams 

Similar to our analysis in Chapter 3, here we also extend our evaluation to 
variable bit rate voice streams and investigate the buffer requirements for these 
streams. In particular, we focus on the minimum buffer size required to maxi-
mize voice capacity. 

As we have shown in the previous sections of this chapter, for constant 
bit rate voice streams there is a minimum buffer size Kmin = 30 packets that 
is required to maintain the maximum number of voice calls an IEEE 802.11b 
infrastructure WLAN can support. Using our analytical model developed in 
Chapter 3 and the approach for VBR streams as discussed in Section 3.6.6, 
here we apply different settings of the buffer size K to investigate the buffer 
size requirements for VBR voice streams. 

In Table 4.7 we show the maximum number of voice calls using a G.729 
and G.711 voice codec each with a 10 ms sampling rate for selected value of 
the T XOP Limit parameter η and variable buffer size K. As shown in the 
previous chapter, for the default TXOP value η = 1 and the default buffer size 
of K = 50 packets, the wireless network can support up to 20 and 18 voice 
calls using the G.729 and G.711 voice codec, respectively. The results show 
that a small buffer size, e.g. K = 10 will reduce the number of calls that can 
be supported. It can also be observed that setting a larger buffer than default, 
here 100 packets, does not yield an increase in call handling capacity. These 
results are in line with those presented in Section 3.6.6 for constant bit rate 
voice traffic. However, the results shown in Table 4.7 also show that the same 
minimum buffer size Kmin applies for a VBR stream as it does for a CBR 
voice stream with a wide range of different T XOP Limit parameter settings. 
This additionally supports our finding that Kmin is the optimal buffer size in a 
wireless LAN when the network carries voice flows. 

4.6 An analytical model with infinite buffer space 

As we have shown in the previous sections of this chapter, that there exists a 
minimum buffer size Kmin = 30 packets that is required to support the maxi-
mum number of voice calls which can be maintained with an acceptable level 



105 4.6 An analytical model with infinite buffer space 

η 1 2 5 7 

K G.729 G.711 G.729 G.711 G.729 G.711 G.729 G.711 

10 17 16 21 20 26 24 28 26 

20 19 18 24 22 30 28 32 30 

30 20 18 24 23 32 30 33 31 

40 20 18 24 23 32 30 34 32 

50 20 19 25 23 32 30 34 32 

100 20 19 25 23 32 30 34 32 

Table 4.7: Comparison of the maximum number of G.729 and G.711 voice calls with 
a 10 ms sampling rate for different buffer sizes K and selected values of 
TXOP parameter η obtained analytically 

of quality, with packet loss below 2% and delay less than the strict delay bound 
of 60 ms [27]. We also showed that increasing the buffer size beyond Kmin will 
not provide further benefits in increasing the voice capacity. In particular we 
showed that even if an arbitrarily large buffer is set e.g. 500 or 1000 packets, 
the number of calls supported does not increase. 

Based on the findings, we claim that the maximum number of voice calls in 
an IEEE 802.11 infrastructure WLAN is independent of the buffer size, given 
the buffer is at least Kmin. To confirm our claim, we modify our model devel-
oped in Chapter 3 such that K = ∞, and therefore the VoIP capacity can be 
derived using an M/G/1/∞ queueing system to model the AP. In this model, 
there is no packet loss and the maximum capacity is calculated based on the sta-
bility condition of the AP queue. In particular, the number of voice calls is cal-
culated based on the inequality λa < µa, which guarantees the queue stability. 
This approach is somewhat similar to [103], however, whereas Cai et al. [103] 
use the fixed-point to derive the required system parameter, we provide a closed 
form expression for the voice capacity in an IEEE 802.11 infrastructure WLAN. 
The closed form expression for the VoIP capacity is versatile such that it can 
accommodate variable parameter changes of the IEEE 802.11 medium access 
control, e.g. T XOP Limit. 

The closed form expression is a throughput model and as such is based on 
the inequality λa < µa, which guarantees the queue stability. Thus solving the 
equation λa = µa for N based on the packet arrival rate at the AP (Eq. (3.12)) 
and the packet service rate (Eq. (3.20)), the VoIP call capacity is then derived at 
the point when the packet arrival rate (λa) exceeds the packet service rate (µa) 
at the AP. Therefore, the closed form expression for VoIP capacity in an IEEE 
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802.11 infrastructure WLAN as a function of η, denoted as f(η), is given as

1
    α + (η − 1)Ts

∗ 2
4 η α + (η − 1)Ts

∗
, (4.1)f (η) = −+

2 β β 2β

where 

ta
α = Ts + (wa − a + 1− ca)σ + caTAIFS + λn,

2

λn λntn
β = Ts + λn. 

µa 2µa

Note that all parameters above are given as in Section 3.4. 

4.6.1 Analysis and Results 

To study the accuracy of the M/G/1/∞ model, we compare the maximum 
number of calls calculated using Eq. (4.1) with results obtained from Eq. (3.21) 
which is based on the M/G/1/K model. Results for G.729 and G.711 codecs 
with 10 ms and 20 ms sampling rates based on both models are depicted in 
Figs. 4.8 and 4.9. It can be seen that the results show good agreement over 
a range of TXOP values. These results show that the voice capacity in an 
IEEE 802.11 infrastructure WLAN can be calculated using either M/G/1/K 

or M/G/1/∞ models. However, note that for the latter we do have a closed 
form expression for the maximum number of calls. 
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Figure 4.8: Comparison of the maximum number of G.729 VoIP calls with a 10 ms 
and 20 ms sampling rate for the two different analytical queueing models 
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Figure 4.9: Comparison of the maximum number of G.711 VoIP calls with a 10 ms 
and 20 ms sampling rate for the two different analytical queueing models 

Variable bit rate voice streams 

Given that the buffer requirements at the AP are the same for variable bit 
rate voice streams, as shown in section 4.5, the closed form expression of the 
M/G/1/∞ model can be used to obtain the voice capacity by adjusting the 
packet arrival rate as discussed in section 3.6.6. In Fig. 4.10 we show the num-
ber of G.729 VBR voice calls that can be maintained for a wide range of TXOP 
values, obtained used both, the M/G/1/K and the M/G/1/∞ model. It can 
be seen that the results are in good agreement. This confirms that either model 
can be used to derive the voice capacity in wireless networks for variable bit 
rate voice streams. 

4.7 VoIP Capacity Approximation 

In this section we propose a simple yet accurate approximation to estimate the 
number of voice calls in an IEEE 802.11 WLAN. To this end, we provide a 
heuristic recursive formula which provides the maximum number of voice calls 
for given TXOP parameter based on the previously obtained capacity. The ap-
proximation formula is a simple alternative to estimating the voice capacity in 
a WLAN, as it does not require the repeated calculation of the fixed-point for-
mulation developed in Section 3.4. This formula also allows us to gain further 
insight into the voice capacity as a function of the TXOP parameter. In particu-
lar, we show that the voice capacity only depends on the TXOP parameter and 
C1. Furthermore, we use the approximation to obtain the optimal value of the 
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Figure 4.10: Comparison of the maximum number of variable bit rate G.729 VoIP calls 
with a 10 ms sampling rate for the two different queueing models, ob-
tained analytically 

TXOP parameter that maximizes the voice capacity. We argue that this optimal 
value is also a threshold value where the AP is no longer the bottleneck limiting 
the number of voice calls that the WLAN can support. 

Voice capacity approximations have been used before to obtain the number 
of voice calls a WLAN can support. Hole and Tobagi [73], for example, derive 
the number of voice calls using (Eq. 2 in [73]) 

1
C = . 

(2Ts + w)λ 

Note that the notation above has been adjusted to be in line with the notation 
used in this work. Even though the above approximation provides reasonable 
accurate results, it does not consider collisions in the medium and also can not 
compensate for variable parameter changes such as the QoS MAC parameter, 
i.e. T XOP Limit. Furthermore, the equation does not allow a further investi-
gation to identify the reason behind the limited VoIP capacity. 

Our novel approach is different to the approximation in [73], because our 
approximation is more versatile and it captures a variety of parameters that are 
not considered in [73]. 

In Chapter 3 and 4 we have shown that for η = 1 the WLAN can accom-
modate C1 duplex calls and that the AP is the bottleneck of the network. In 
other words, there are, on average, C1 packets sent in each direction of the bidi-
rectional traffic flow in the network. Increasing η from 1 to 2 enables the AP 
to send C1 packets in C1/2 channel accesses (i.e., 2 packets per each channel 
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access) and thus has, on average, another C1/2 channel accesses left on the 
downlink. Thus in addition to the C1 voice calls that have already been sup-
ported previously, the AP can send an additional C1/2 voice packets on the 
downlink. 

As long as the AP is the bottleneck in the WLAN, the number of additional 
calls in this scenario (i.e. η = 2) can be approximated as C

2
1 /2. This is be-

cause each additional call adds an equal number of packets to the uplink and 
the downlink voice traffic. As a result, the total number of calls using η = 2n c 
is C1 +

C
2
1 /2 . The above approach is illustrated in Fig. 4.7 where C1 is 

assumed to be four calls. In this scenario, increasing η from 1 to 2 reduces the 
number of packets sent by the AP by 50% which then enables us to add a new 
call as depicted in Fig. 4.7. 

AP

AP

TXOP = 1

TXOP = 2

Uplink

Downlink

Uplink

Downlink

New call

Figure 4.11: Illustration of the concept used to develop the voice capacity approxima-
tion. 

Based on similar arguments the voice capacity with increasing TXOP value 
can be approximated as follows: 

η 

η 

=

=

1 → C1, 

2 → C1 +
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+
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. . . 
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n 
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η 
/2
c 
, ⎡ ⎤ 

= C1 +
n

η=2

⎢⎢ ⎢ C1

η 
/2⎥⎥ ⎥ . (4.2) 

Based on Eq. (4.2) and the closed form expression in Eq. (4.1)) for voice 
capacity with default TXOP value (η = 1), the number of additional voice calls 
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for arbitrary TXOP setting (η > 1) , denoted as Γη, can be approximated by 

f(η = 1)
Γη = /2. (4.3)

η 

We can now define a recursive formula for the obtained voice capacity. Let 
f̃(η) denote the estimated number of VoIP calls for a given TXOP value. Then 
the VoIP capacity approximation is given by 

f̃(η) =

⎧ ⎪⎨ ⎪⎩ C1, η = 1, 

f̃(η − 1) + Γη, η > 1. 
(4.4)

In Figs. 4.12 and 4.13 we compare approximation results with results ob-
tained by the analytical model for the G.729 and G.711 codecs using a variety 
of parameters. Observe that the approximation results match those of the an-
alytical model closely even with large TXOP values (e.g. η = 10) despite the 
fact that the approximation may be too optimistic at those values. It is opti-
mistic because the approximation is based on the argument that new calls can 
be initiated by increasing the TXOP value at the AP as long as the average rate 
of successful transmissions on the channel remains the same. This argument, 
however, ignores the fact that some transmissions (i.e. those originated from the 
AP) now involve multiple packets and therefore capture the channel for much 
longer. On the other hand, further increasing η beyond the above value carries 
no benefit because of the bottleneck shift as discussed in the previous section. 
Thus the results in Figs. 4.12 and 4.13 show that the approximation is reason-
ably accurate in terms of the voice capacity for the range of the TXOP values 
that are of interest. The approximation formula provides a simple alternative to 
the complete analytical model that can be used to estimate the voice capacity 
attainable in WLAN. 

The approximation formula in Eq. (4.4) also allows us to gain further in-
sights into the voice capacity in WLAN and to study its relation to MAC pa-
rameters such as the TXOP parameter. In particular, from Eqs. (4.3) and (4.4) 
it can be seen that the voice capacity depends on the TXOP value and the initial 
voice capacity obtained using default parameter settings (i.e. TXOP = 1). Also 
Γη in Eq. (4.4) tends to zero with an increasing value of TXOP parameter and 
thus f̃(η) ≈ f̃(η − 1) as TXOP → ∞. This implies that the asymptotic value 
described in Section 3.6 for the maximum number of voice calls still exists 
even though the AP’s buffer is now infinite. Furthermore, it can be observed 
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Figure 4.12: Comparison of the number of G.729 voice calls obtained by Eqs. (4.1) 
and (4.4) for different sampling rates and increasing TXOP parameter 
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Figure 4.13: Comparison of the number of G.711 voice calls obtained by Eqs. (4.1) 
and (4.4) for different sampling rates and increasing TXOP parameter 

in Eq. (4.2) that no additional packets can be gained on the downlink as TXOP 
value exceeds C1 indicating that the AP buffer is no longer a bottleneck as de-
scribed in Chapter 3.4. 

4.7.1 Variable bit rate voice flows 

In Fig. 4.14 we show the number of variable bit rate G.729 voice calls with a 
10 ms and 20 ms sampling rate that can be supported in the WLAN, obtained 
analytically and using the VoIP capacity approximation. The results show that 
in this scenario the VoIP capacity approximation can also be used for variable 
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bit rate voice flows, and shows the versatility of our novel approach.
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Figure 4.14: Comparison of the number of variable bit rate G.729 voice calls obtained 
by Eqs. (4.1) and (4.4) for different sampling rates and increasing TXOP 
parameter 

4.8 Summary 

In this Chapter we studied the impact the buffer size has on the VoIP capacity in 
an IEEE 802.11 infrastructure WLAN. Using our analytical model developed in 
Chapter 3 and simulation we showed that there is a minimum buffer size (Kmin) 
with which the number of voice calls that can be supported with an acceptable 
level of quality is maximum, and that increasing the buffer size will not result 
in an increased voice capacity. In particular we showed that a buffer size of 
K = 30 packets is sufficient to attain the maximum number of VoIP calls an 
IEEE 802.11 infrastructure WLAN can support. We showed that this minimum 
buffer size is consistent for a wide range of scenarios, including different voice 
codecs, scenarios where a channel access preference is given to the AP using the 
different adjustable MAC parameters as well as variable bit rate voice streams. 

Based on our finding that the voice capacity in a WLAN is independent 
of the buffer size, given a minimum buffer size, we developed an analytical 
model based on the M/G/1/∞ queueing model. Specifically, we developed 
a closed-form expression for the number of voice calls a WLAN can support 
where there is infinite buffer space as well as preference is given to the AP using 
the T XOP Limit parameter as highlighted in Chapter 3. Using a wide range of 
parameters we confirmed that the voice capacity can be obtained using either an 
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M/G/1/K or an M/G/1/∞ queueing model. We had shown previously that 
the buffer requirements for variable bit rate voice streams are equal to constant 
bit rate voice streams. Similarly we showed that the closed-form expressions 
can also be used for VBR voice flows. 

Using our closed-form expression for the voice capacity in an IEEE 802.11 
infrastructure wireless network we have proposed a novel approach to deter-
mine the voice capacity when preference is given to the AP using the adjustable 
T XOP Limit parameter η. Our approach is based on a recursive equation 
based on the additional channel access gained when the AP is allowed to trans-
mit multiple packets during a single channel access period. Using the approx-
imation formula, we showed that the voice capacity in a WLAN only depends 
on the initial voice capacity when there is no preference given to the AP, and 
the number of packets the AP can transmit per channel access. Furthermore, 
we obtained analytically the asymptotic voice capacity outlined in Chapter 3. 
Based on our findings we could also confirm our claim that our proposed ideal 
value of the TXOP parameter, η = C1 is optimal. Finally, we confirmed that the 
approximation can also be used for variable bit rate voice streams, thus showing 
the versatility of this novel approach. 



5
Dynamic codec with priority for 

Voice over IP in IEEE 802.11 
WLAN 

In the previous chapters we provided an analysis of the VoIP capacity in IEEE 
802.11 infrastructure WLANs and showed that the number of VoIP calls that 
can be supported with an acceptable level of quality is surprisingly low. Subse-
quently we evaluated a solution based on the adjustable medium access control 
parameter and showed that a substantial voice capacity gain can be achieved 
when priority is assigned to the access point. We investigate this using an ana-
lytical model, simulation and testbed measurements. 

In this Chapter, we propose a novel scheme utilizing the above channel ac-
cess priority in conjunction with dynamic voice codecs. A recent development 
in VoIP is the use of dynamic voice codecs which are designed to adapt to 
changes in network conditions. For example, SILK [58,160] used in Skype V.4 
or SPEEX [161] used in Google Talk, monitor the call quality and adjust the 
codec parameters accordingly. The goal is to maintain the call with reduced 
quality during the congestion period of the network. In this context, mixed 
codecs can be seen in some of the previous work. In particular, the authors 

114 



115 

of [26] consider two types of voice traffic using different codecs. In their work 
however, it is assumed that both types of voice traffic share the channel and are 
served by the AP without traffic differentiation. Also in [162] a dynamic adap-
tation of the voice codec is proposed to suit the change in transmission rate of 
the WLAN. 

Our proposed scheme is based on the IEEE 802.11 quality of service (QoS) 
mechanism to exploit the tradeoff between the codec quality and priority to 
maintain a call during periods of high contention without compromising the 
individual call quality. At the same time the proposed scheme also increases 
the overall number of calls that can be supported by the WLAN. The novelty 
in our approach is that our scheme gives incentive to users who are willing to 
use a lower quality codec and thus reduce the overall contention when there 
is a high traffic load in the medium. The incentive is implemented by way of 
giving priority at the AP to traffic originating from lower quality codec users. 
Priority is assigned using a smaller CWmin parameter at the AP rather than 
the T XOP Limit parameter used in Chapter 3. Using the contention window 
rather than the T XOP Limit, ensures that VoIP calls using the lower quality 
voice codec gain a guaranteed channel access advantage over the other high 
quality voice calls. We will explore the option of different T XOP Limit pa-
rameter for the traffic prioritization later on in this chapter. This scheme can 
be easily implemented because the priority is only applied at the AP where the 
network bottleneck is located. Also, users can voluntarily choose the codec by 
monitoring their own call quality as is done in Skype. 

In order to understand the benefits of the above proposed scheme, we de-
velop a detailed analytical model based on our previous work in Chapter 3. 
In particular, we extend the existing model to accommodate multi-codec voice 
streams and to include internal collisions caused by the use of priority at the 
AP. Note that in [120] and [145] the authors investigated the use of multiple 
queues based on the IEEE 802.11e protocol, however, they did not consider the 
effect of internal collisions. We will show through our analytical model that the 
impact of this internal collision can not be neglected. 

Furthermore we assess the quality of calls in the WLAN using the proposed 
scheme using the ITU-T E-model [19] as discussed in Chapter 2. Note that 
although the analytical model has been developed to analyze the scenario out-
lined in Section 5.1, the proposed model is sufficiently versatile to enable study 
of a range of scenarios, i.e. the interactions between voice and video traffic 
in a WLAN using the IEEE 802.11 QoS mechanism. Additionally, the model 
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allows the investigation of a range of network parameters such as collision prob-
ability and queue utilization at a station and different network metrics, such as 
throughput, can be derived. The model is also flexible enough to be extended 
to incorporate other traffic types, such as traffic generated by TCP connections. 

To this end, our main contributions can be summarized as follows. 

1. We propose a novel scheme to reduce the overall contention in a highly 
congested WLAN, based on dynamic voice codecs and channel access 
priorities. 

2. We show that the proposed scheme improves the voice capacity while 
maintaining an acceptable quality for all individual calls, evidenced by 
results obtained from the ITU-T E-model. 

3. We develop a detailed analytical model to obtain the voice capacity in 
a multi-codec environment that also takes into account the AP’s internal 
collision, to show the benefits of our proposed scheme and that the voice 
capacity can be significantly improved if channel access priority is used 
in conjunction with dynamic voice codecs. 

4. We show that internal collisions can have a significant impact on the sys-
tem performance. 

5. We highlight that simply applying a dynamic codec without traffic prior-
itization will not be sufficient to significantly improve the voice capacity 
without compromising the call quality of all calls in the system. 

The rest of the chapter is organized as follows. In Section 5.1 we describe 
in detail the proposed scheme with dynamic codecs and priority at the AP, fol-
lowed by a description of the internal collision management of the IEEE 802.11 
QoS mechanism in Section 5.2. The analytical model is then developed in Sec-
tion 5.3. We validate our analytical results by simulation in Section 5.4, and 
conclude in Section 5.5. 

5.1 Dynamic codec with priority scheme 

Consider a scenario where multiple voice calls are initiated simultaneously in 
an IEEE 802.11e infrastructure wireless LAN, as depicted in Fig. 5.1. 

As discussed in Section 2.2.3, the IEEE 802.11 protocol can provide QoS 
in WLANs using four access categories, each with different and adjustable 
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Access Point

LAN

WLAN

αN wireless voice nodes (AC BE) (1− α)N wireless voice nodes (AC VO)

Figure 5.1: WLAN topology 

MAC parameter settings as defined in the enhanced distributed channel access 
(EDCA) mechanism [14]. Recall that the first two access categories, best ef-

fort (AC BE) and background (AC BK) can be understood as data categories, 
whereas video (AC VI) and voice (Vd) are specifically designed for real-time 
multimedia traffic. In this chapter, we propose the use of dynamic voice codecs 
where users can choose to switch to a lower quality codec to maintain their calls 
in a congested WLAN. To this end, both the sampling rate and the payload of 
the packet can be adjusted to form a low quality codec. Similar to existing VoIP 
implementation, such as Skype or Google Talk, users can monitor their own 
call quality and make the switching decision when appropriate. However, this 
action can lead to a lower perceived voice quality as sometimes observed in ex-
isting VoIP applications. To compensate for the reduction in voice quality and 
to give incentive to users who are willing to switch to a lower quality codec, 
higher priority is then given at the AP to traffic originated from those users. 
Thus placing traffic in the higher priority queue at the AP will encourage a less 
aggressive behavior from users in a highly congested medium. As a result not 
only can users maintain their call at an acceptable quality level using a lower 
quality codec, but the overall number of calls can also be increased. 

The concept of our proposed scheme is depicted in Fig. 5.2. As shown, 
the user perceived voice quality was “good” initially. However, at some stage 
the call enters a call deterioration phase. This is caused by an increased level 
of contention in the WLAN, e.g. the network becomes saturated due to an 
increasing number of VoIP calls. If the user does not use our proposed scheme, 
as shown, the voice quality will drop and would be considered “bad”. However, 
if the user uses our proposed scheme, the actual voice quality will drop, but the 
overall quality will still be “good”, whereas all other calls, who do not adjust 
may experience a “bad” voice call quality. 

Our proposed dynamic voice codec with priority (DCwP) is implemented 
as follows. Every voice user will contend for a channel access using the MAC 
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Figure 5.2: Dynamic codec with priority (DCwP) benefits for users who adopt the pro-
posed solution or not 

parameters defined in the AC BE category. Users will continue to use the same 
MAC parameters independent of the codec used. At the AP, however, differ-
ent traffic originated from users equipped with different quality codecs will be 
placed into different access categories. In particular, traffic from users with high 
quality codecs will be assigned to the AC BE category, while other voice traffic 
will be mapped into the AC VO category. Note that only contention windows 
(CWmin, CWmax) are used in these two categories to differentiate different traf-
fic at the AP. Although other MAC parameters such as T XOP Limit or the 
arbitrary interframe space (AIF S) can also be used, the use of the contention 
window is the simplest way to prioritize traffic and to demonstrate the benefit 
of the scheme proposed in this chapter. 

Herein we consider the voice capacity to be the maximum (total) number 
of voice calls a WLAN can support with an adequate level of quality. As in 
Chapter 3 we define κ as a packet loss threshold, beyond which a user-perceived 
quality of a call can no longer be maintained, and is set to 2%. Additionally, 
we will also consider an end-to-end delay bound of 60 ms [27]. Even though 
the ITU-T G.114 specification [185] allows a 150 ms end-to-end delay before 
the call quality is no longer considered to be good, this delay however, is the 
total delay from the sender to the receiver. In this work, we do not consider 
the path outside the WLAN, and as such, the experienced delay in the one-hop 
infrastructure WLAN should be well below 150 ms. We make use of the ITU-T 
E-model [19] which uses delay and loss to obtain a measure (the R-value) that 
estimates the user-perceived voice quality. To avoid ambiguity, we denote the 
R − value of the ITU E-model with RQ in this chapter and use R as the retry 
limit defined by the backoff process of the IEEE 802.11 medium access control. 



119 5.2 Internal Collision Management 

5.2 Internal Collision Management 

Because the IEEE 802.11 QoS mechanism defines the different access cate-
gories with different priorities an internal collision can occur. An internal col-
lision occurs if the backoff process of at least two access categories reaches 
zero at the same time. To resolve an internal collision, the protocol uses an in-
ternal collision resolution mechanism, whereby the packet of the higher access 
category gains channel access, and the packet of the lower priority access cat-
egory is re-scheduled for transmission after an additional backoff. In Fig. 5.3 
we show a stylized internal collision. As shown the AC BE and the AC VO 
queue transmit the packet and an internal collision occurs (indicated by flash 

symbol). As shown the AC VO packet is then passed to the channel, whereas 
the AC BE packet is scheduled for retransmission. Due to the internal collision 
resolution mechanism an AC VO packet will always receive channel access, 
and thus can only collide with other packets in the wireless medium. Packets 
from all other access categories can collide internally as well as externally on 
the wireless channel. 

Internal 
collision 
handler

Wireless Channel

Access categories/Queues

BE BK VI VO

Re-schedule Transmission

Figure 5.3: Internal collision at the AP 

Note that whenever a packet is re-scheduled for retransmission, the packet 
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is placed at the head of line (HOL) of that queue. Also note that if a packet is 
re-scheduled, its retry counter is increased. Therefore, a packet could reach the 
retransmission limit due to internal collisions only, and thus can be discarded. 

5.3 Modeling approach 

In our analysis we consider an IEEE 802.11 infrastructure WLAN, consisting 
of one AP and N wireless nodes, as depicted in Fig. 5.1. 

The AP has two access categories Vd and Vp, and the two access categories 
carry only voice flows using a specific codec, i.e. G.711 with a 10 ms sampling 
rate in Vd and G.729 with a 20 ms sampling rate in Vp, respectively. We refer 
to wireless nodes served by the Vd queue of the AP as standard wireless nodes 
and as priority wireless nodes whenever they are served by the Vp queue. Note 
that the Vd and the Vp queue are equivalent to the AC BE and the AC VO ac-
cess category of the IEEE 802.11 QoS mechanism. In this WLAN there are 
αN, 0 < α < 1 standard wireless nodes and (1− α)N priority wireless nodes. 
Each wireless node maintains a full-duplex voice call to a node outside the 
WLAN. In this scenario we assume EDCA basic access is used over an ideal 
channel without interference or hidden terminals. Unless otherwise stated, the 
indices a and n correspond to the AP and a wireless node, respectively. Also, 
to differentiate between the two access categories, the priority access category 
(Vp) is tagged using an asterisk (∗). 

Let λn and λn∗ denote the packet arrival rate at a standard and priority wire-
less node, respectively. The total average packet arrival rate at the AP is given 
by λA = αNλn + (1− α)Nλ∗

n, and the packet service rate is denoted by µ 
for each station (wireless node and/or AP). Similar to the analytical model in 
Section 3.4 here we assume that the traffic flows arrive at a node according 
to a Poisson process, the AP and a wireless node can then be modeled as an 
M/G/1/K queue, where K is the number of packets that can be queued at 
a station and can take different values for the AP and for the wireless nodes. 
Furthermore, the queue utilization is defined as ρ = λ/µ, where ρ is also the 
probability that a station has a packet to send [176]. Consequently, a station 
will be idle with probability 1− ρ. 

Our analysis is based on a fixed-point formulation between the collision 
probability seen by a packet submitted to the channel, and the condition at-
tempt probability per slot. Due to the variability of the collision probability, the 
average packet service time is different for the AP and the wireless node, and 
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is further influenced by the used access category at the AP and the traffic type. 
Therefore, we first discuss the generic fixed-point, before we describe the in-
dividual collision probabilities and the average packet service time for the AP, 
the standard and the priority wireless voice nodes. 

5.3.1 Fixed-point formulation 

As our analysis is built around the fixed-point formulation between the collision 
probability ci and the attempt probability τi of a station, i ∈ {a, n, a ∗, n ∗, A}, 
we define the fixed-point equations as follows: 

ci = f (ρi, τi) , (5.1) 

τi = g (ci, wi) . (5.2) 

Recall that ρi in Eq. (5.1) is the probability that a station has a packet to send 
and depends on the packet arrival rate (λi) and the packet service time (1/µi) 
as defined previously. Furthermore, τi in Eq. (5.1) is given in Eq. (5.2) and can 
be calculated using 

R j
j=0 ciτi = , 
wi

where wi in Eq. (5.2) is the average backoff experienced by a station and can 
be obtained similarly to Eq. (3.9) using 

jR−2
k=1 φkW − 1

wi = (1− ci)cij 2j=0

R−12
mW − 1

+ci . (5.3)
2

Note that R is the maximum retry limit as defined in the IEEE 802.11 protocol 
[4], W is the current contention window and φk = 2 for j ≤ m and 1 otherwise, 
as in Section 3.4. 

To solve Eq. (5.1) requires the average packet service time. As the service 
time is variable depending on the station and the type of traffic sent, we will 
discuss the service time and derive the collision probability ci in individual 
sections. 
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5.3.2 Access Point 

We now apply the technique discussed in Section 5.3.1 to obtain the average 
service rate of the AP. As outlined in Section 5.1, our scheme is implemented 
by way of using two different access categories at the AP, similar to those of the 
IEEE 802.11 QoS mechanism [4]. Because the IEEE 802.11 protocol defines 
different access categories with different priorities, the collision probability of 
the AP depends on two parts: i) the internal collision probability, and ii) the ex-
ternal collision probability. As the AP has multiple traffic categories, an internal 
collision can occur if the backoff process in both access categories reaches zero 
simultaneously. The IEEE 802.11 protocol defines an internal collision reso-
lution mechanism to handle these collisions. In case of an internal collision, 
the internal collision handler will grant access to the wireless medium to the 
higher access category, here Vp. The packet of the lower access category (Vs) is 
rescheduled for transmission after an additional backoff. If no internal collision 
occurs, the packet can still collide on the wireless medium (referred to as an 
external collision). If an external collision occurs, the packet is rescheduled for 
transmission in its respective access category, as outlined above. 

Let δ denote the internal collision probability at the AP seen by a non-
priority (standard) packet. Recall that an internal collision between two access 
categories at the AP only occurs if the random backoff process in both access 
categories reaches zero in the same instance. Then conditioned on the fact that 
the AP has a standard packet to be sent, the internal collision probability seen 
by a standard VoIP packet is then defined as 

λn∗
δ = 1− 1− τa∗ , (5.4) 

µA

where (λn∗/µA)τa∗ is the conditional attempt probability of the priority access 
category. Therefore, with probability 1− δ no internal collision occurs. 

If no internal collision occurs, the packet can still collide externally with 
packets transmitted by either, a standard or a priority wireless node. The exter-
nal collision probability for packets sent by the AP of either access categories 
is equal. This is because both packet types can only collide with packets trans-
mitted by both a standard or a priority wireless voice node. Therefore, based 
on Eq. (5.1), the collision probability of a priority packet (which is equal to the 
external collision probability of any packet) is given by 

)αN(1− ρn ∗)(1−α)Nca∗ = 1− (1− ρnτn ∗τn . (5.5) 
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Note that similar to the case of τa∗ , τn and τn∗ can be calculated using Eq. (5.2) 
using the respective collision probability and backoff. 

The collision probability of a standard packet sent by the AP ca can be 
derived based on Eqs. (5.5) and (5.4) and the probability that a standard packet 
will be transmitted successfully, given by (1−δ)(1−ca∗), or be discarded if the 
retry limit R has been reached. Thus for R → ∞, we can establish a recursive 
formula to obtain the collision probability ca, which is given by 

R = 1 → ca,1 = δ + (1− δ)ca∗
R = 2 → ca,2 = δca,1 + (1− δ)ca∗ca,1
R = 3 → ca,3 = δca,2 + (1− δ)ca∗ca,2

. . . 

R = n → ca,n = δca,n−1 + (1− δ)ca∗ca,n−1, 

and therefore, for a maximum retry limit R (R > 1), the collision probability 
of a standard packet sent by the AP is given as 

ca = δca,i−1 + (1− δ)ca∗ca,i−1, i = 2, ..., R. (5.6) 

The above recursive concept is illustrated for R = 1 and R = 2 in Figs. 5.4 and 
5.5. 

δ

1− δ c∗a

1− c∗a
�

×

×

× Unsuccessful transmission

� Successful transmission

Figure 5.4: Collision probability ca for R = 1

As shown in section 5.3.1, the fixed-point equation given in Eq. (5.1) de-
pends on the attempt probability τi and the probability that a station i has a 
packet to send (ρi), which in turn is defined by the packet arrival rate λi and the 
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Figure 5.5: Collision probability ca for R = 2

packet service rate µi of that station. Following our previous approach in [186], 
the average service time can be decomposed into three parts: i) the successful 
transmission and collision of the packet itself, ii) the successful transmissions 
and collisions of other stations, and iii) the mandatory (average) backoff of a 
station. 

Equivalent to the analytical model in Chapter 3, for the first part, the suc-
cessful transmission time of a packet is given as 

Ts = TAIFS + Tp + TSIFS + TACK , (5.7) 

Ts∗ = TAIFS + Tp∗ + TSIFS + TACK , (5.8) 

and the collision time is given by 

Tc = TAIFS + Tp + TACKTO
, (5.9) 

Tc∗ = TAIFS + Tp∗ + TACKTO
. (5.10) 

Note that Tp, Tp∗ , TACK and TACKTO
are the transmission times of a stan-

dard packet, a priority packet, the acknowledgement and TACKTO
is the ACK 

timeout period of an unsuccessful transmission. Also note that Tp and Tp∗ can 
be different, depending on the voice codec and its sampling rate. Additionally, 
TAIFS and TSIFS are the duration of the arbitrary interframe space (AIFS) and 
the short interframe space (SIFS) in microseconds, respectively, as defined in 



�   �

125 5.3 Modeling approach 

the IEEE 802.11 protocol. 
As a packet can collide multiple times before its successful reception, the 

average collision time depends on the packet itself, e.g. a standard or a priority 
packet, and whether it collides with a standard or a priority packet. Therefore 
the average collision time of a standard and a priority packet transmitted by a 
station can be calculated by 

ti
2
≈

⎧ ⎪⎨ ⎪⎩ 
γTcci+(1−γ)Tc∗ci , i ∈ {n, a}

2(1−ci) (5.11)
Tc∗ci ∗, i ∈ {n , a ∗}
2(1−ci)

where γ is the probability of a standard packet begin transmitted by either the 
AP or a standard wireless voice node, which is given as follows 

αNλn
γ = , (5.12)

αNλn + (1− α)Nλn∗

Note that the 1/2 factor in Eq. (5.11) is based on the assumption that a collision 
is due to simultaneous transmission from two stations only, and thus the average 
collision time caused by a packet is half of the total collision time experienced 
by all stations. 

Now Eq. (5.11) can be used to derive the average packet collision time for 
both type of packets transmitted by the AP. 

The second component of the average packet service time of the AP is the 
interruption to the backoff process due to successful transmission and collisions 
of packets by other stations. Note that the interruption of the backoff of the AP 
also includes the interruption caused by an internal collision conditioned such 
that a standard packet collides with a priority packet as given bt 

λn∗ ta∗
δ (1− α)N Ts∗ + σ (5.13) 

µA 2

Furthermore, for the AP, the interruption to the backoff due to successful trans-
mission and collisions by the wireless nodes depends on whether the AP at-
tempts to transmit a standard or a priority packet. However, independent of the 
traffic type, a packet sent by the AP can collide with packets sent by the αN 

standard wireless voice nodes and packets sent by the (1 − α)N priority wire-
less voice nodes. Hence, the total interruption to the backoff of the AP is given 
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by

λn tn
(1− δ)γN α Ts +

µA 2

λn∗ tn∗
+(1− α) Ts∗ + σ 

µA 2

λn tn∗
+(1− γ)N α Ts +

µA 2

λn∗ tn∗
+(1− α) Ts∗ + σ. (5.14) 

µa 2

The third component for the average packet service time of the AP is the 
mandatory backoff before attempting to transmit a packet. However, for the 
AP the total average backoff of the AP is not simply wi as in Eq. (5.3). This 
is because to obtain the total average backoff of the AP requires the average 
backoff of each access category, and the probability of transmitting a standard 
or a priority packet. Furthermore, as outlined in [89] and shown in Chapter 3, 
the backoff counter in EDCA is managed differently to DCF, and as Eq. (5.3) 
only captures the DCF process, compensation for the difference is required. 
Therefore, the total average backoff of the AP is calculated using 

wA = ((γwa + (1− γ)wa∗)− a)σ 

+γ((1− ca)σ + caTAIFS)

+(1− γ)((1− ca∗)σ + ca∗TAIFS), (5.15) 

where i, i ∈ {a, n} can be derived based on the interruptions of the backoff 
process as given in Eq. (5.14). 

Then, following our approach in Chapter 3, the total average packet service 
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time of the AP can be calculated using

1 ta ta∗
= γ Ts + + (1− γ) Ts∗ +

µA 2 2

λ∗
n ta∗

+δ (1− α)N Ts∗ +
µA 2

λn tn
+(1− δ)γN α Ts +

µA 2

λn∗ tn∗
+(1− α) Ts∗ +

µA 2

λn tn∗
+(1− δ)(1− γ)N α Ts +

µa 2

λn∗ tn∗
+(1− α) Ts∗ +

µA 2

+(wA − a)σ + γ((1− ca)σ + caTAIFS)

+(1− γ)((1− ca∗)σ + ca∗TAIFS). (5.16) 

Then using the packet arrival rate λA, the collision probabilities for each 
traffic type at the AP given in Eqs. (5.5) and (5.6) as well as the average packet 
service time in Eq. (5.16), the fixed-point equations in Eqs. (5.1) and (5.2) can 
be solved iteratively. 

5.3.3 Standard wireless voice nodes 

We now turn our attention to the standard wireless VoIP nodes transmitting 
the high quality voice codec VoIP traffic. To solve the fixed-point equations 
in Section 5.3.1 for the standard wireless voice nodes, the collision and attempt 
probability as well as the average packet service time is required. We follow the 
approach for the AP as presented in the previous section. Note that we assume 
that each wireless voice node only carries one type of traffic, and thus, does 
not experience any internal collisions. Hence, a wireless voice node attempting 
to transmit a packet can only collide with the remaining nodes in its traffic 
class, with all nodes of the other traffic class, as well as packets of either traffic 
class sent by the AP. Therefore the (external) collision probability of a standard 
wireless node is given as 

cn = 1− (1− ρnτn)αN−1(1− ρn∗τn∗)(1−α)N(1− ρAτA), (5.17) 
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where ρAτA is the conditional attempt probability of the AP transmitting a 
packet in any slot, irrespective of its traffic class. Hence ρA is the probabil-
ity that the AP has a packet to send and is defined by 

αNλn + (1− α)Nλn∗ λA
ρA = = , (5.18) 

µA µA

∗ . 
Similar to the AP, the average packet service time of a standard wireless 

voice node (1/µn) can also be decomposed into the aforementioned three parts. 
The first part, the successful transmission time of a standard packet is given 

in Eq. (5.7), and replacing ci with cn in Eq. (5.11) the average collision time for 
a standard packet can be obtained. 

For the second component, the backoff process of a standard wireless voice 
node will be interrupted due to the successful transmission and collision of 
packets sent by the α(N − 1) remaining standard wireless voice nodes, as well 
as the (1 − α)N priority wireless voice nodes. Furthermore, successful trans-
missions and collisions of packets of both access categories sent by the AP, will 
further interrupt the backoff process of a standard wireless voice node. 

The third component, the average backoff, can be calculated using Eq. (5.3) 
and appropriately replacing c with cn and calculating n based on the interrup-
tion to the backoff process (second component). 

Following the argument for the AP, the average packet service time of a 
standard wireless voice node is then given by 

and τA is given as τA = γτa + (1− γ)τa

1 tn
= Ts +

µn 2
tn

+(αN − 1)ρn Ts +
2

λn∗ tn∗
+(1− α)N Ts∗ +

µn 2
λA ta ta∗

+ γ Ts + + (1− γ) Ts∗ +
µn 2 2

+(wn − n + (1− cn))σ + cnTAIFS. (5.19) 

To solve Eqs. (5.1) and (5.2), we apply Eq. (5.17) to obtain the fixed-point 
for the standard wireless voice nodes. 
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5.3.4 Priority wireless voice nodes 

The process to calculate the average service time of a priority wireless node is 
equivalent to that of a standard wireless voice node. However, it also requires 
the collision probability, transmission and collision times, the duration of the 
backoff, the interruptions to the backoff and the compensation for the different 
backoff in EDCA. The collision probability is similar to Eq. (5.17), because the 
packets transmitted by the priority wireless voice node can only collide with 
either packet types send by the AP, with packets send by the standard wireless 
voice nodes or with packets of the remaining priority wireless voice nodes. 
Hence, cn

∗ can be calculated using 

cn∗ = 1− (1− ρnτn)αN(1− ρ ∗nτn∗)(1−α)N−1(1− ρAτA). (5.20) 

Following the approach for the standard wireless voice nodes, and replacing 
ci with c ∗n where appropriate, the average packet service rate for the priority 
wireless voice nodes is then given by 

1 tn∗
= Ts∗ +

µn∗ 2
λn tn

+αN Ts +
µn∗ 2

λn∗ tn∗
+(1− α)(N − 1) Ts∗ +

µn∗ 2
λA ta ta∗

+ γ Ts + + (1− γ) Ts∗ +
µn∗ 2 2

+(wn∗ − n + (1− cn∗))σ + cn∗TAIFS. (5.21) 

5.3.5 Obtaining the voice capacity in WLAN 

To obtain the VoIP capacity in an IEEE 802.11 infrastructure WLAN with the 
DCwP scheme, we follow a similar approach used previously in Chapter 3. 
Solving the fixed-point given in Eqs. (5.2) and (5.1) we can derive the queue 
utilization ρ to determine the maximum number of VoIP calls ( Ĉ). Here we 
also require the packet loss (κ) at the AP to be less than 2% to have an accept-
able level of call quality. Given that our analytical model is derived from the 
M/G/1/K queueing model used in Chapter 3, here we also use the blocking 
probability of an M/M/1/K queue [176] to approximate the packet loss at the 
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AP and thus can be calculated using

(1− ρA)ρK
κA ≈ A , (5.22)

1− ρK+1
A

Note that the above approximation is acceptable to deduce the VoIP capacity 
in terms of number of voice calls, as discussed in Section 3.6.2. Also note 
that we validate this claim in the next section by comparing the number of 
VoIP calls that can be supported obtained analytically, by simulation and testbed 
measurements. 

5.4 Analysis and Discussion 

In this section we use our analytical model and ns-2 simulation to evaluate the 
performance of our proposed scheme. Furthermore, we also report on mea-
surements obtained from experiments conducted in our IEEE 802.11 WLAN 
testbed to show the benefits of this scheme and to further validate our results 
obtained analytically and by simulation. The implementation of the two types 
of traffic is by way of using two different access categories at the AP, and a sin-
gle access category for all wireless voice nodes. Note that the EDCA parameter 
for the wireless voice nodes is equivalent to the parameter set for the standard 
access category with CWmin = 31 and CWmax = 1023. The priority access 
category at the AP uses CWmin = 7 and CWmax = 253, respectively. All other 
network parameters are the same as those shown in Table 3.1 in Chapter 3. The 
results for packet loss and delay are complemented by a voice call quality anal-
ysis based on the ITU-T E-model [19]. Recall from Chapter 2, that the E-model 
uses a so-called R-value to specify the level of call quality, whereby 0 (zero) is 
the lowest and 100 the highest call quality. 

We have devised different scenarios to evaluate the performance of our pro-
posed scheme. An overview of the different scenarios in shown in Table 5.1. 

Voice codec used in 
Scenario 

Vd Vp

1 G.711, 10 ms G.711, 10 ms 
2 G.711, 10 ms G.729, 10 ms 
3 G.711, 10 ms G.711, 20 ms 
4 G.711, 10 ms G.729, 20 ms 
5 G.711, 10 ms G.723, 30 ms 

Table 5.1: VoIP call configuration overview 
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Throughout this section we will refer to VoIP call configurations denoted by 
Si(αN, (1−α)N). The configurations indicate the number of voice calls served 
by each access category at the AP, and the index i indicates the scenario as per 
Table 5.1. For example, S2(5, 2) corresponds to scenario 2, where 5 voice calls 
are served by the Vd (standard) category, and 2 voice calls are served by the Vp

(priority) category. Here we consider that all calls served by the Vd category 
always use a G.711 voice codec with a 10 ms sampling rate, whereas all calls 
served by the Vp category use a different codec setting, e.g. G.729. 

In Chapter 3 we have shown that an IEEE 802.11b infrastructure WLAN 
can support 6 voice calls using a G.711 voice codec with a 10 ms sampling 
rate, and that packet loss exceeds the 2% QoS threshold when the 7th call joins 
the WLAN. Hence the call will enter the call deterioration phase as shown in 
Fig. 5.6, and the user perceived voice call quality is reduced. To mitigate for 
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Figure 5.6: Packet loss at the AP obtained analytically for a G.711 voice call including 
the marked call deterioration phase

the loss in quality, here we assume that users use our proposed DCwP scheme 
and one by one change to a new voice codec until packet loss is below the QoS 
threshold and an acceptable call quality can be maintained for all voice calls. 
As a result, the benefits of our scheme are already clear once the WLAN can 
support 7 voice calls with an acceptable level of call quality. Nevertheless, we 
also show the total VoIP capacity gain that can be achieved for each scenario. 

Scenario 1 

In Fig. 5.7 we show the number of calls the WLAN can support for an increas-
ing number of priority calls in scenario 1. It can be seen that in this scenario 5 
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(simulation) or 6 (analytical model) calls need to be served by the priority queue 
at the AP, before a performance gain, one additional call, can be achieved. 
Even though the voice calls served by the priority queue use the same codec 
as the calls in the standard queue, however, due to the priority setting of the 
Vp queue, the average service time and the queue utilization is reduced, thus 
lowering the observed packet loss at the AP, as shown in Fig. 5.8. Our anal-
ysis shows that even if the remaining two calls are also served by the priority 
queue, and further capacity increases cannot be achieved and that the WLAN 
in this scenario can only support 7 voice calls. Note that the packet loss ob-
served at the AP is the combined loss of both access categories. However, our 
results show that the priority access category (Vp) does not experience any loss 
until its queue becomes saturated, thus there is no packet loss in the priority 
queue. Also note that the simulation matches the analytical results quite well 
in terms of the number of voice calls the WLAN can support. Similar to our 
discussion in Chapter 3, in some cases there is a one call difference between 
the analytical and simulation results. As we have discussed in Section 3.6.2, 
the slight difference in the number of VoIP calls is due to differences between 
obtaining the VoIP capacity in the analytical model and the simulation. Re-
call that packet loss in the analytical model is obtained using Eq. 5.22, whereas 

100 − total number of packets received κa,sim = × 100 is used in the simulation. Also total number of packet sent 

note that there is a difference in packet loss observed for packet loss above 
2% between the analytical and simulation results in some scenarios. We have 
conducted a variety of experiments, that is simulation and analysis for differ-
ent parameter settings, to understand the difference. It seems likely that the 
difference in observed packet loss above 2% may be caused by the difference 
in obtaining packet loss measurements and the approximation equation itself. 
Irrespective of the difference in packet loss above 2%, in this thesis we focus 
on the number of VoIP calls as a measure of performance and as shown the 
results are in good agreement in terms of the number of calls. However, a 95% 
confidence interval is shown for results obtained by simulation. 

In Fig. 5.9 we show the experienced network delay for calls served by both 
access categories. Observed that the experienced delay for calls served by the 
standard queue experience an increasing delay. It is because calls served by the 
Vd category have to wait for calls served by the Vp queue, and packet loss occurs. 
However, once a sufficient number of calls is served by the priority queue, the 
delay drops below the QoS threshold of 60 ms. The drop in queueing delay is 
because a) the Vd queue only maintains a small number of packets and b) due 



133 5.4 Analysis and Discussion 

0 1 2 3 4 5 6 7
Number of priority calls

0

2

4

6

8

N
um

be
r o

f V
oI

P 
ca

lls

Analytical model
Simulation

Figure 5.7: Number of VoIP calls (scenario 1) 
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Figure 5.8: Packet loss probability at the AP (scenario 1) 
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to the different sampling rate of calls served by the Vp queue, there overall level 
of contention in the WLAN is reduced, and therefore the maximum capacity 
has not been reached, i.e. the WLAN is not saturated. Also observe, that the 
experienced delay for all priority calls is well below the QoS threshold. 
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Figure 5.9: Average network delay of standard and priority VoIP calls (scenario 1) 
[ns-2 simulation] 

The reduction in packet loss and the decrease in network delay for VoIP 
calls served by the Vd access category when there are at least 5 priority calls 
(S1(2, 5) configuration) is also reflected in the user perceived call quality as 
measured by the ITU-T E-model. In Fig. 5.10 we show the minimum R-value 
for the standard and the priority voice calls for an increasing number of priority 
calls. It can be seen that the priority VoIP calls can always maintain an “excel-
lent” voice call quality (RQ = 93), whereas initially, the standard voice calls 
experience a “bad” call quality. However, once a sufficient number of users 
utilized the DCwP scheme with VoIP configurations as per scenario 1, the call 
quality improves, until all voice calls in the WLAN have an excellent voice call 
quality. As shown, the call quality improve significantly (“bad” → “good”) if 
at least 5 users adjust their codec (S1(2, 5) configuration). If an additional user 
adjusts its codec, all calls experience an “excellent” voice call quality. 

Additionally, in Fig. 5.11 we show the maximum number of VoIP calls a 
WLAN can support with and without the DCwP scheme. Here it can be seen 
that if all VoIP calls are served by the Vp queue at the AP for scenario 1, the 
WLAN can support a maximum of 7 voice calls which equates to a capacity 
gain of approximately 16%. 
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Figure 5.10: Minimum R-value of standard and priority calls (scenario 1) 
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Figure 5.11: Maximum number of VoIP calls with and without the DCwP scheme (sce-
nario 1) 
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Scenario 2 

In Fig. 5.12 we show the packet loss probability at the AP for scenario 2. Simi-
lar to the previous scenario, it can be seen that the WLAN can maintain 6 voice 
calls until a number of users have adjusted to a new codec and thus the voice 
calls are served by the priority queue at the AP. As shown, the packet loss will 
drop below the QoS threshold if at least 4 (simulation) or 5 (analytical model) 
users have adjusted their codec. Note that there is a one call difference between 
scenario 1 and 2 before the experienced packet loss is below the threshold. This 
is because even though the adjusted codecs in both scenarios use a 10 ms sam-
pling rate, each call generates 100 packets/s on the downlink, the difference in 
capacity is due to a smaller payload size of the G.729 voice packets, that is 10 
bytes for a G.729 voice packet and 80 bytes for a G.711 voice packet. 

0 1 2 3 4 5 6 7
Number of priority calls

0

0.02

0.04

0.06

0.08

0.1

P
ac

ke
t l

os
s 

pr
ob

ab
ili

ty

Analytical model
Simulation (95% confi ence interval)
QoS threshold (2%)

Figure 5.12: Packet loss probability at the AP (scenario 2) 

The difference in payload size is also reflected in the total number of VoIP 
calls the WLAN can support, if all VoIP calls use the G.729 voice codec and are 
served by the Vp access category. As shown in Fig. 5.13, the overall capacity 
gain is 2 calls or an increase of approximately 33%. 

The experienced delay of the standard and the priority voice calls in sce-
nario 2 is similar to the one experienced in scenario 1 and thus is not shown. 
The similarity of network delay in scenario 1 and 2 is because the network 
delay is influenced by the sampling rate rather than the payload size of the indi-
vidual packet. As we will show in later scenarios, whenever the priority voice 
calls use a codec with a different sampling rate the experienced delay changes 
significantly. 
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Figure 5.13: Maximum number of VoIP calls with and without the DCwP scheme (sce-
nario 2) 

Given that packet loss and delay are comparable in scenario 1 and 2, the user 
perceived voice call quality also reflects the similarities, as shown in Fig. 5.14. 
However, note that the maximum voice call quality of a G.729 voice codec is 
RQ = 84, thus being lower than that of a G.711 voice call. Even though the 
G.729 voice codec has initially a lower voice quality, in saturated conditions, the 
call quality is superior. This is because, as shown in Fig. 5.14 the standard voice 
calls on average have a “bad” quality, whereas the priority calls can always 
maintain a “good” voice call quality. Only when the packet loss and delay for 
the standard voice calls is below the threshold, does the quality improves. 
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Figure 5.14: Minimum R-value of standard and priority calls (scenario 2) 

In the previous two scenarios we considered that users adjust the used codec, 
without changes to the sampling rate. By using the same sampling rate for all 
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calls, we showed the benefits of our proposed scheme whereby the priority calls 
experience a significantly reduced network delay and no loss. Hence the priority 
calls can always maintain a high voice call quality. We also showed that a slight 
increase in voice capacity can be achieved. In the following, we evaluate the 
performance of our proposed scheme when the codecs have different sampling 
rates. 

Scenario 3 

In Fig. 5.15 we show the packet loss probability at the AP for scenario 3. In this 
scenario all calls use the G.711 voice codec, however, the voice calls served 
by the Vd category use a 10 ms sampling rate, whereas voice calls served by 
the Vp category use a 20 ms sampling rate. It can be seen that the packet loss 
probability is significantly reduced if a single user adjust their codec. Observe 
that there is no loss if a second user adjust their codec settings. 
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Figure 5.15: Packet loss probability at the AP (scenario 3) 

The impact of the different sampling rate is also reflected in the experienced 
network delay. Figure 5.16 shows the experienced delay of the standard and 
priority calls. As shown, as soon as two users adjust their codec setting, the 
experienced delay for the standard voice calls falls below the QoS threshold of 
60 ms. This rapid drop in packet loss and delay is due to the different packet 
arrival rate in each access category. The packet arrival rate per call in the Vp

access category (λ∗) is half of the packet arrival rate in the Vd access category 
(λ). As a result of the lower packet arrival rate, combined with the priority of 
the Vp queue, the contention in the WLAN is reduced, thus increasing the voice 
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capacity. This increase in capacity is also shown in Fig. 5.17 which shows the 
maximum number of VoIP calls the WLAN can support in this scenario, when 
all users adjust the codec as per the DCwP scheme. As shown, the WLAN can 
then support up to 13 voice calls (a capacity increase of 116%). 
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Figure 5.16: Experienced delay of the standard and priority calls (scenario 3) [ns-2 
simulation] 
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Figure 5.17: Maximum number of VoIP calls with and without the DCwP scheme (sce-
nario 3) 

The rapid drop of packet loss and delay is also reflected in the voice call 
quality, as shown in Fig. 5.18. It can be seen that only for the first two VoIP 
call configurations the voice call quality of the standard voice calls is consid-
ered “bad”. However, the voice call quality of the priority call is maximum 
(RQ = 93), confirming the effectiveness of our proposed scheme. Once two 
users adjust their codec settings and the packet loss and delay drops below the 
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QoS thresholds, all users experience a high voice call quality (RQ = 93). Note 
that the minor difference in delay between the standard and the priority calls 
will not affect the voice quality. 
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Figure 5.18: Minimum R-value of standard and priority calls (scenario 3) 

Scenario 4 

In Fig. 5.19 we show the maximum number of voice calls a WLAN can support 
in scenario 4. As shown, the WLAN can support 6 voice calls using the G.711 
voice codec when all users use that codec and all calls are served by the Vd

queue. It is also shown that the number of calls is still limited to 6 calls, if a 
single user switches to a G.729 voice codec. However, as soon as two users use 
the lower quality G.729 codec, all 7 voice calls can be supported. This increase 
in capacity is because with an increasing number of priority calls, packet loss 
at the AP is decreasing as shown in Fig. 5.20. The decrease in packet loss at the 
AP is due to a lower level of contention in the WLAN caused by a lower packet 
arrival rate, as previously discussed. 

In Fig. 5.21 we show the experienced network delay of the standard and 
priority voice calls on the downlink. As shown, with an increasing number of 
priority calls the experienced delay for the standard calls is decreasing. This is 
because with an increasing number of priority calls, the Vd queue size decreases, 
thus reducing the delay. Observe that the experienced delay of the priority 
calls is always well below the QoS threshold. This shows that even though the 
priority calls use a lower quality codec, the overall call quality will be superior 
in saturated conditions compared to the standard calls. 
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Figure 5.19: Number of VoIP calls if an increasing number of uses change to the 
G.729 voice codec (scenario 4) 
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Figure 5.20: Packet loss probability at the AP if an increasing number of users change 
to the G.729 voice codec (scenario 4) 
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Figure 5.21: Delay of the standard and priority calls if an increasing number of users 
change to the G.729 voice codec (scenario 4) [ns-2 simulation] 

The superior voice call quality of the priority calls is also reflected in the call 
quality analysis. In Fig. 5.22 we show the R − values for the different VoIP 
call configurations for this scenario. As shown, the priority voice calls served 
by the Vp category can always maintain the highest (RQ = 84) voice call quality 
whenever the network becomes saturated. For example, the standard voice calls 
can only maintain a voice quality of RQ = 83 and RQ = 51, when there are a 
total of 6 or 7 voice calls. However, the priority calls constantly maintain the 
highest R − value as shown in Fig. 5.22 for the G.729 voice codec (RQ = 84) 
whenever the voice quality of the G.711 calls deteriorates (RQ < 93). Once a 
sufficient number of users have adjusted the codec, the standard voice calls will 
maintain a higher voice call quality (RQ = 84) compared to the priority calls. 
This is because the standard calls do not experience loss or significant delay, 
thus the G.711 voice codec provides the higher quality. 

Similar to the previous scenario, if all calls are served by the priority queue, 
and the WLAN can then support a much higher VoIP capacity, as shown in 
Fig. 5.23. 

To show the validity of our scheme, we have also conducted measurements 
in the wireless testbed described in Section 3.5.2 for this scenario. Our scheme 
was implemented such that the number of calls is increased until packet loss 
occurs. Once packet loss occurs, the measurement runs for an additional period 
of time, before the traffic generators gradually reduce the sending rate according 
to our proposed scheme. In particular, the measurements were conducted as 
follows: 
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Figure 5.22: Minimum R-value of standard and priority calls (scenario 4) 
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Figure 5.23: Maximum number of VoIP calls with and without the DCwP scheme (sce-
nario 4) 
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• Start testbed measurement at t0 [s]. 

• Add first G.711 VoIP call at t10 [s]; add additional G.711 VoIP calls every 
ti [s], i ∈ {20, 30, ..., 80}. 

• Maintain VoIP calls during t80 [s] and t120 [s]. 

• Adjust first VoIP call to a G.729 voice codec at t120 [s]; adjust any subse-
quent VoIP call at ti [s], i ∈ {130, 140, ..., 180} [s] 

• Stop testbed measurement at t190 [s] 

In Fig. 5.24 we show the average packet loss observed in our WLAN testbed 
with and without using our proposed DCwP scheme. It can be seen that in 
this scenario, packet loss occurs when the 6th call joins the WLAN (at 60s) 
and keeps increasing with any subsequent VoIP call. Observe that whenever 
the DCwP scheme is used, packet loss decreases when at least two voice calls 
adjust the codec parameter; the first call at 120s and the second at 130s. The 
observed packet loss with our proposed scheme after 130 s is below the QoS 
threshold of 2%. Observe however, that the packet loss is above the 2% packet 
loss threshold for the remainder of the measurement when the DCwP scheme is 
not used and all users continue to use the high quality VoIP codec. These results 
confirm the benefits and effectiveness of our proposed DCwP scheme and are 
in line with those obtained by our analytical model and simulation. 

Scenario 5 

In Fig. 5.25 we show the observed packet loss at the AP when several users 
switch to the low quality G.723 voice codec. The G.723 voice codec supports 
two different bit rates, 5.3 kbps and 6.3 kbps. In this scenario the 5.3 kbps 
bit rate was used, hence the codec has a sampling rate of 30 ms with a voice 
payload size of 20 bytes. Note that the voice call quality for this codec is low. 
The maximum R-value for this codec is RQ = 79, and as such, the user per-
ceived call quality is only fair to good. Observe that only a single user needs 
to switch to this low quality codec, before the packet loss at the AP drops be-
low the threshold of 2%. The improvements are also shown in Fig. 5.26 which 
shows the minimum R-value of both traffic types. Even though the payload size 
of a G.723 voice packet is equivalent to a G.729 voice packet (20 ms sampling 
rate), the results emphasize that the sampling rate of a voice codec is an impor-
tant factor for the maximum number of voice calls a WLAN can support, as we 
will show in the next part. 
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Figure 5.24: Observed VoIP packet loss in the WLAN testbed with and without using 
the proposed dynamic codec with priority scheme (scenario 4) 
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Figure 5.25: Packet loss probability at the AP (scenario 5) 

VoIP capacity gain 

As we have shown, our proposed scheme allows users who willingly adjust 
the codec to maintain their call, even if a lower quality voice codec is then 
used. We have also shown that a voice capacity gain can be achieved with 
our proposed scheme. For certain configurations, a further capacity gain can 
be achieved. For example, if all users adjust their codec to the G.723 voice 
codec, there is only a minimum level of contention in the WLAN. Therefore 
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Figure 5.26: Minimum R-value of standard and priority calls (scenario 5) 

the WLAN is able to carry additional G.723 voice calls. Using our analytical 
model, in Fig. 5.27 we compare the minimum and maximum number of VoIP 
calls that can be maintained for each scenario. Observe that the voice capacity 
then varies between 6 and 22 calls, thus a performance gain of between 16% 
and almost 300% can be achieved with our proposed scheme, depending on the 
scenario. This shows that the proposed scheme can provide a higher capacity 
gain compared to our previously used solution discussed in Chapter 3. Note that 
even though the voice capacity can be improved when several users switch to a 
different codec, the call quality for each individual call is different, depending 
on the codec used. Also note that we investigate if a further capacity gain can 
be achieved using different MAC parameter settings later on in this chapter. 
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Figure 5.27: Minimum and maximum number of voice calls for each scenario 



147 5.4 Analysis and Discussion 

5.4.1 Single vs. multi-queue AP’s 

In the previous section we showed the benefits and the performance gain that 
can be achieved using our proposed scheme. Nevertheless, one might argue that 
adjusting the voice codec is sufficient, and that the priority queue at the AP will 
not provide a further performance gain. To show the importance of the multiple 
access categories at the AP, we compare results of a single and a dual access 
category system. Here we still assume that whenever the voice call quality is no 
longer acceptable, a user will adjust the codec as outlined above. However, in 
the first scenario all calls continue to be served by the Vd category, irrespective 
of whether the codec has been adjusted or not. In this scenario we consider 
that a user only adjusts the sampling rate of the codec, rather than switching 
to a new codec. Thus the priority calls use the G.711 voice codec with a 20 
ms sampling rate. It is because we have shown that a sampling rate change 
has a higher impact than the payload size of a packet. In Fig. 5.28 we show 
the experienced downlink delay of the standard and priority calls for different 
voice call configurations when all calls are served by a single access category. 
Observe that if 1 or 2 users adjust the codec, all voice calls experience a delay 
above the 60 ms QoS threshold. If at least 3 voice calls adjust the sampling 
rate, both, standard and priority calls experience a network delay below the 
threshold. 
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Figure 5.28: Downlink delay of standard and priority voice calls when a single access 
category is used (ns-2 simulation) 

In Fig. 5.29 we show the experienced downlink delay of standard and pri-
ority calls for the same VoIP call configurations as above, however, voice calls 
who adjust the codec will be served by a second, high priority access category 
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at the AP. As shown, for configuration S(6, 1) only the standard voice calls 
experience a delay above the threshold. All priority calls experience a delay be-
low the threshold. This is because the priority calls are served by the Vp access 
category which allows a more frequent channel access due to a smaller CWmin

parameter. The results also show that only 2 calls need to adjust their codec 
before all calls have a network delay below the threshold. 
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Figure 5.29: Downlink delay of standard and priority voice calls when the Vd and Vp

categories are used (ns-2 simulation) 

These results show that separate access categories at the AP are beneficial 
to both types of voice calls by reducing the experienced delay significantly. In 
particular it can be observed that the experienced delay for users who adjust 
their codec is well below the QoS threshold at all times, thus allowing a high 
level of quality. 

5.4.2 The impact of internal collisions 

In Section 5.2 it was outlined that due to the multiple access categories of the 
IEEE 802.11 QoS mechanism an internal collision can occur. An internal colli-
sion is caused when the backoff process of at least two access categories reaches 
zero in the same instance. The internal collision handler will resolve the col-
lision by granting channel access to the higher priority access category. The 
transmission of the lower priority access category is deferred until a further 
backoff process has been completed. Note that because of this mechanism, a 
high priority packet can only collide with packets in the channel, whereas a low 
priority packet can collide with high priority packets internally, and any packet 
on the channel. 
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Work which considers the 802.11e protocol and multiple traffic classes, 
however, often neglects internal collisions. For example, in [120] the authors 
argue that the internal collision has only a marginal affect and can thus be ig-
nored. Our study however, has a different insight on the impact of the internal 
collision probability. In this section we will discuss the internal collision prob-
ability and show its impact on a variety of different measurements. 

In Fig. 5.30 the internal collision probability δ for scenarios 1 and 3 is 
shown. It can be seen that with an increasing number of calls served by the 
priority queue, the internal collision probability increases. This is expected, 
because the internal collision probability depends on the queue utilization (see 
Eq. (5.4)) of the priority queue, which increases with an increasing number 
of calls served by that queue. As shown, the internal collision probability for 
scenario 3 is increasing as well, however, it is lower than that of scenario 1. 
This difference in collision probability is caused by the different sampling rates 
used in both scenarios. As in scenario 3, a 20 ms sampling rate is used, the 
packet arrival rate per call in that queue is half of that of scenario 1, thus re-
ducing the priority queue utilization, which subsequently reduced the internal 
collision probability. Note that δ = 0 for both VoIP call configurations S(7, 0)
and S(0, 7). This is because for these configurations all packets are served by a 
single queue only. 
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Figure 5.30: Internal collision probability δ for scenario 1 and scenario 3, obtained 
analytically 

A comparison when the internal collision is neglected and considered is 
shown in Fig. 5.31 for scenario 1. It can be seen that there is a significant 
difference in collision probability. When the internal collision probability is 
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not considered, in this scenario, the total collision probability is static. This is 
because the low priority packets can only collide in the medium with packets 
transmitted by the wireless nodes. As shown, when the internal collision prob-
ability is considered, the total collision probability increases linearly with the 
increase in priority queue utilization. 
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Figure 5.31: Collision probability ca of an Vd packet with and without an internal colli-
sion for scenario 1, obtained analytically 

Similar to scenario 1, in Fig. 5.32 we show the total collision probability 
of the low priority queue for scenario 3, when the internal collision probability 
is considered and ignored. As in scenario 1, the total collision probability is 
increasing linearly when the internal collision probability is considered. Note 
that if the internal collision probability is not considered, it can be seen that 
with an increasing number of priority calls the total collision probability would 
be decreasing. This decreasing in collision probability is because the low pri-
ority packets can only collide with packets transmitted by the wireless voice 
nodes, and the total number of packets to be transmitted by the wireless nodes 
is decreasing, on average, with an increasing number of priority calls. For the 
latter, this is because the priority calls use a different sampling rate where the 
packet arrival rate at a station is half of that compared to scenario 1. 

The results show that the internal collision probability in general cannot be 
neglected, as it impacts on the overall system performance. Even though in this 
scenario the impact of the internal collision is small such that the number of 
VoIP calls that can be supported does not change, other important metrics for 
example, the channel access delay or, as shown, the collision probability may 
change significantly. It is important to note that from the modeling point of 
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Figure 5.32: Collision probability ca of an Vd packet with and without an internal colli-
sion for scenario 3, obtained analytically 

view, a more accurate collision probability is vital because it is an essential part 
of the fixed-point equations. 

5.4.3 The impact of different CWmin parameter 

In this section we evaluate the impact of different CWmin parameter settings 
for the higher priority access category on the number of calls a WLAN can 
support. In the previous section, the contention window size for the Vp access 
category at the AP was set according to the voice access category (AC VO) of 
the IEEE 802.11 QoS mechanism, that is CWmin = 7. In this section we study 
the impact of different contention window size settings on the performance of 
our scheme. 

In Figs. 5.33 and 5.34 we show the observed packet loss at the AP for differ-
ent settings of the minimum contention window (CWmin) for the high priority 
access category (Vp) for scenario 1 and 2 obtained analytically. Note that the 
CWmax parameter of the Vp access category was also adjusted in line with the 
maximum backoff stage m and the retry limit R. 

As shown, for CWmin = 3, a slight performance gain can be achieved. The 
observed packet loss at the AP drops below the QoS threshold if only 4 users 
use our proposed scheme, compared to 6 users if CWmin = 7 for the priority 
queue at the AP. This shows that fewer users have to switch to a lower quality 
voice codec, for example to the G.729 voice codec in scenario 2. 

In contrast, setting a minimum contention window larger than the default 
value, for example CWmin = 15, the observed packet loss at the AP is above 
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the QoS threshold for all VoIP call configurations Si(αN, (1 − α)N). This is 
because a larger than default contention window increases the random backoff 
period, and as a consequence increases the average packet service time resulting 
in an increased queue utilization that ultimately causes packet loss at the AP. 

Even though the results shown for both scenarios are the same in terms of 
the number of users that need to adjust the voice codec, there is a slight differ-
ence in packet loss observed in either scenario. Observe that for scenario 2, the 
packet loss probability is slightly decreasing with an increasing number of pri-
ority calls for CWmin = 31, whereas in scenario 1 the packet loss probability is 
constant. This is because in scenario 2, the user changes to a G.729 voice codec 
while maintaining a constant sampling rate of 10 ms. However, as a G.729 voice 
packet has only 10 bytes compare to the 80 bytes of a G.711 voice packet, the 
average packet service time reduces, thus reducing the queue utilization, which 
subsequently reduces the observed packet packet loss slightly. This shows that 
only setting a smaller than default value of CWmin parameter for the Vp queue 
provides a small increase in performance. 
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Figure 5.33: Observed (analytically) packet loss at the AP for different values of 
CWmin parameter for the Vp access category (scenario 1) 

Setting different contention window size for scenario 3, 4 and 5 does not 
lead to an increased voice capacity. For example, setting CWmin = 3 for the Vp

access category at the AP will yield equal results to the case when CWmin = 7. 
This is because, in these scenarios, the increase in performance due to the dif-
ferent sampling rate of the voice codec is significantly higher than the increase 
provided by the priority of the voice traffic served by the Vp access category. 

The results indicate that the default settings for the contention windows pro-
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Figure 5.34: Observed (analytically) packet loss at the AP for different values of 
CWmin parameter for the Vp access category (scenario 2) 

vide optimal results. Even though a small performance gain can be achieved for 
a smaller setting of CWmin parameter at the Vp queue at the AP, the increase in 
channel access affects the performance of the wireless VoIP nodes, as shown in 
Fig. 5.35. Here it can be seen that the collision probability of the wireless voice 
nodes is higher for CWmin = 3 than for CWmin = 7. This is not unexpected, 
because of the increased channel access, however, as shown, the collision prob-
ability is significantly higher (difference of up to 7%) for CWmin = 3 with an 
increasing number of priority calls. 
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Figure 5.35: Collision probability of the wireless VoIP nodes for different settings of 
CWmin parameter for the priority queue 
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5.5 Summary 

In this chapter, we proposed a novel scheme to exploit a tradeoff between codec 
quality and priority. In this scheme, users are encouraged to switch to a lower 
quality codec during periods of high contention and thus enables them to main-
tain the call. To compensate for the reduction in voice quality, and to give 
incentive to users to switch to a lower quality codec, a higher priority is given 
at the AP for those users. As a result of users using a lower quality codec the 
overall contention is reduced allowing more voice calls to be supported. 

We have developed a detailed analytical model to demonstrate the bene-
fits gained from the proposed scheme. Our model offers important insights on 
the behavior of multi-codec voice streams and the impact of the AP internal 
collisions. We showed that depending on the codec setting, a capacity gain of 
between 16% and approximately 300% can be achieved. This significant capac-
ity improvement is without compromising the individual call quality other than 
using a lower quality codec. By analyzing the observed packet loss and delay, 
we also showed, using the ITU-T E-model that in most cases the voice calls can 
maintain a high level of voice call quality. Specifically, we observe that adjust-
ing the sampling rate has a more profound impact on the voice capacity than 
changing the payload of the voice packet. Furthermore, results obtained from 
our analytical model matched closely with simulation in terms of the number of 
voice calls a WLAN can support (i.e. when the loss threshold is not exceeded). 

We showed that only using dynamic voice codecs without a prioritized 
channel access, the voice capacity can not be increased significantly, and that 
the changes in delay are only marginal. 

Furthermore, we showed that using different contention windows can result 
in an increased performance of the AP, however, we showed that this may affect 
the performance of the wireless voice nodes. In future work, an optimal design 
could be sought in terms of other parameter changes. 

Also, we showed that internal collisions can affect the overall system per-
formance, and thus cannot be neglected. Even though in the outlined scenario 
the overall number of calls does not change, from the modeling point of view it 
is important to consider internal collisions as other network parameters such as 
channel access delay may be affected. 

Overall, our results indicate that our proposed dynamic codec with priority 
scheme is a viable option to increase the VoIP capacity in an IEEE 802.11 
infrastructure WLAN. An advantage of our scheme is that it uses the default 
parameter settings of the access categories at the AP, and furthermore does not 



5.5 Summary 155

require any changes to hardware, software or the protocol.



6
The impact of TCP flows on the 

VoIP capacity in IEEE 802.11 
WLANs 

In the previous chapters we studied the performance of VoIP traffic in IEEE 
802.11 infrastructure WLANs. In particular, we were concerned with the lim-
ited number of voice calls that can be supported with an acceptable level of 
quality. To address the limited voice capacity, in Chapter 3 we evaluated a 
simple solution based on the adjustable T XOP Limit parameter of the IEEE 
802.11 medium access control, and showed that a significant (≈ 100%) increase 
in call capacity can be achieved. Furthermore, in Chapter 5 we proposed a novel 
scheme to improve the voice capacity without compromising the voice quality, 
based on dynamic voice codecs and a channel access priority. Our analysis 
showed that both solutions can provide a significant performance gain in terms 
of the number of voice calls that can be maintained. 

However, our previous analysis considered VoIP traffic only. Nevertheless, 
in a real-world WLAN the voice flows have to share the channel with concurrent 
data flows, such as TCP. As a result of the shared channel, the overall level of 
contention in the WLAN is increased, and therefore we expect that data traffic 
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will impact on the VoIP capacity, such that even fewer calls can be maintained. 
In Section 2.3.2 we have outlined some of the relevant literature discussing 

VoIP and TCP traffic in wireless networks. In [163] for example it is shown 
that the aggregated voice throughput is slightly reduced when the channel is 
shared with downlink TCP flows. However, if the channel is shared with uplink 
TCP flows, the aggregated voice throughput is significantly reduced. Based on 
these findings, Bellalta et al. [163] proposed a new channel access mechanism 
using the IEEE 802.11e extension [14] to improve the throughput. Other work, 
for example by Harsha et al. [104] consider a fixed number of TCP downlink 
streams and show that the voice capacity is reduced from 12 to 10 voice calls 
using a G.711 voice codec with a 20 ms sampling rate, whereas Brouzioutis 
et al. [165] consider a variable number of TCP flows. In particular in [165] 
it is concluded that the VoIP capacity decreases by two voice calls for each 
additional data flow. For example, initially the WLAN can maintain twelve 
voice calls using the same codec as in [104]. If the WLAN is now shard with a 
single TCP flow, the capacity is reduced to ten calls, and then further decreased 
to 8, 7 and 5 calls when the channel is shared with 2, 3 and 4 TCP flows. These 
results clearly highlight that the VoIP capacity is decreased when the channel 
is shared between VoIP and TCP traffic. Note however, that most of the work 
studying VoIP and TCP only focusses on a single traffic type, i.e. VoIP. In this 
chapter we also closely monitor the performance of the TCP traffic. 

In this chapter we study the impact of TCP data traffic on the voice capacity 
in WLAN using ns-2 simulation. This chapter is split into two parts. First 
we establish a baseline case that is used to compare our proposed solutions 
to increase VoIP capacity and TCP throughput. In particular, we first confirm 
some of the results in the literature, in particular that the VoIP capacity depends 
on a variety of factors, such as the flow direction of the TCP stream and the 
chosen channel access control, that is DCF or EDCA. Second, we evaluate if the 
number of VoIP calls and the TCP throughput can be increased if the solutions 
based on the adjustable T XOP Limit parameter as in Chapter 3 is used. This is 
followed by an analysis of the performance gain in terms of the number of VoIP 
calls and TCP throughput, that can be achieved if our proposed dynamic codec 
with priority (DCwP) scheme is used when the channel is shared between both 
traffic types. 

The remainder of this chapter is organized as follows: In Section 6.1 we 
provide an overview of our system model. This is followed by the system per-
formance analysis in Section 6.2 that includes the analysis of DCF and EDCA in 
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Sections 6.2.2 and 6.2.3 and is considered the baseline case. In Section 6.3 we 
evaluate two different approaches to improve VoIP capacity and TCP through-
put based on our solutions presented in Chapter 3 and Chapter 5, before we 
conclude this chapter in Section 6.4 with a brief summary. 

Our contributions in this chapter can be summarized as follows. 

1. We investigate the impact of TCP streams on the VoIP capacity in an 
IEEE 802.11 infrastructure WLAN where the channel access is controlled 
using the distributed coordination function (DCF) and confirm the reduc-
tion in VoIP capacity when the channel is shared with uplink or downlink 
TCP flows. 

2. We investigate the impact of TCP streams on the VoIP capacity if the 
channel access is controlled using EDCA. We show that the QoS mech-
anism provided by EDCA provides protection to VoIP and TCP traffic, 
such that the impact of the TCP flow direction is less restrictive for VoIP 
and the VoIP streams will not stave the TCP streams. Even though the 
performance of EDCA compared with DCF is superior in terms of num-
ber of VoIP calls and TCP throughput, we show that the default EDCA 
MAC parameter are not optimal, and that different settings of these pa-
rameter can increase both, VoIP capacity and TCP throughput. 

3. We investigate whether the solution based on the T XOP Limit param-
eter used in Chapter 3 can be extended when the channel is shared be-
tween VoIP and TCP streams. We show that traffic differentiation using 
the T XOP Limit parameter for VoIP only provides a tradeoff between 
VoIP capacity and TCP throughput as the interactions between the two 
access categories at the AP reduce the overall VoIP capacity. However, 
we show that using appropriate parameter settings, VoIP capacity and 
TCP throughput can be increased. 

4. Finally, we extend the DCwP scheme proposed in Chapter 5 to the case 
where the channel is shared between voice and TCP flows. We show 
that our DCwP scheme is superior in terms of VoIP capacity and TCP 
throughput compared with the solution based on the traffic differentiation 
using the T XOP Limit parameter only. 
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6.1 System Model 

Similar to the WLANs considered in Chapter 3 and 5, we consider an IEEE 
802.11b infrastructure WLAN consisting of one AP and N wireless voice nodes. 
Furthermore there are M = Mu + Md wireless TCP nodes. Each of the N 

wireless voice nodes maintains a full-duplex voice call with a node outside the 
WLAN. The Md wireless TCP receivers download an infinitely large file from a 
source in the wired domain, thus TCP data is carried on the downlink, and TCP-
ACK packets traverse the uplink of the WLAN. Similarly, the Mu wireless TCP 
senders upload an infinitely large file to a destination in the wired network, and 
thus the network carries TCP data packets on the uplink and TCP-ACK packets 
on the downlink. We assume basic access using DCF and EDCA is used with-
out RTS/CTS over an ideal channel without interference or hidden terminals 
and all other parameters are set as shown in Table 3.1 in Chapter 3. Results 
are obtained using the ns-2 simulator [177] with the EDCA extension of the 
TU-Berlin [178] with the same parameter settings as in the previous chapters, 
and the payload size of the TCP data packets is set to 1500 bytes. 
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Figure 6.1: IEEE 802.11 infrastructure WLAN topology for VoIP and TCP traffic 
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6.2 Performance Analysis 

6.2.1 Performance analysis: Single vs. multi network met-
rics 

Before we investigate the impact of TCP traffic on the voice capacity, we need 
a more sophisticated technique for estimating voice capacity of a WLAN than 
we have used up until now. In the previous chapters we predominantly used 
packet loss at the AP to determine the voice capacity by setting a loss threshold, 
beyond which the call quality can no longer be maintained. Using only one 
network metric works well for a single type of traffic, however, if the network 
is shared with other traffic, a single indicator cannot be used. In particular, 
with elastic TCP traffic, loss may not be a suitable indicator, and additional 
metrics need to be considered. This is because, irrespective of the channel 
access function, if the AP has to maintain voice and TCP traffic, the delay for 
each traffic class increases due to the contention between both traffic types. 
As the TCP traffic rate is governed by the congestion control and avoidance 
mechanism [40], packet loss at the AP may be low, however, the induced delay 
increases significantly. 

In Fig. 6.2 we compare the voice capacity in an IEEE 802.11 WLAN where 
channel access is controlled using the distributed coordination function (DCF) 
and the downlink is shared with a single TCP stream. Observe that the number 
of G.729 voice calls is 6 when packet loss at the AP is used to determine the 
voice capacity. However, the voice capacity is reduced to 2, 3 and 4 calls when 
a delay bound of 60 ms [27], 150 ms [73] or even 200 ms is applied. As in our 
previous chapters, we apply a packet loss threshold of 2% and require the delay 
to be less than 60 ms. 

6.2.2 Voice vs. TCP: IEEE 802.11 DCF 

In this scenario, we consider that the channel access is controlled by the dis-
tributed coordination function (DCF). Therefore, both traffic types are served 
by a single access queue at the AP as “best effort” traffic. 

In Fig. 6.3 we show the maximum number of VoIP calls a WLAN can main-
tain, determined by packet loss, if the voice traffic shares the wireless channel 
with either downlink or uplink TCP flows. As shown, if the WLAN carries 
VoIP traffic only, the wireless network can support up to 7 voice calls using the 
G.729 voice codec with a 10 ms sampling rate. However, if the wireless chan-
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Figure 6.2: Number of G.729 VoIP calls when the VoIP capacity is obtained using 
packet loss and/or network delay and a single TCP downlink stream (ns-2 
simulation) 

nel is shared with TCP flows the VoIP capacity is reduced. The reduction in 
call capacity is caused by the interaction between the VoIP traffic and the TCP 
congestion control [187–189] and is different depending on the direction of the 
TCP flows. 
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Figure 6.3: Voice call packet loss at the AP for 1 and 5 TCP uplink and downlink flows 
(ns-2 simulation) 

As shown in Fig. 6.3, if the wireless channel is shared between VoIP traf-
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fic and downlink TCP streams, the VoIP capacity is reduced to only 6 calls. 
Recall that in an IEEE 802.11 infrastructure WLAN the AP is a bottleneck lim-
iting the system performance, and in this case the reduction in call capacity is 
because the single access queue at the AP is shared between packets of both 
traffic types. As the AP now serves both traffic types, the single access queue at 
the AP contains packets of both traffic types, and therefore a lower number of 
VoIP packets can be stored that, as a consequence, reduces the overall number 
of VoIP calls, as shown in Fig. 6.5. Also note that the VoIP capacity in this sce-
nario is reduced by one call only, irrespective of the number of downlink TCP 
streams. This is because, if multiple downlink TCP streams share a bottleneck 
link, each TCP stream approximately obtains an equal share of the available 
capacity, For example, if M TCP downlink streams share a total capacity Ctotal, 
then each TCP stream obtains approximately M/Ctotal of the capacity, which 
is governed by the TCP flow control of each stream [189]. The equal share 
of capacity is shown in Fig. 6.4 which shows the aggregated downlink TCP 
throughput for one and five TCP streams with an increasing number of VoIP 
calls. Observe that the aggregated TCP throughput is comparable, irrespective 
of the number of downlink TCP streams. Similar results in terms of the shared 
capacity between multiple TCP streams has also been shown in [20, 167]. 

As with an increasing number of VoIP calls the number of TCP packets at 
the AP is decreasing, the VoIP capacity is reduced by a single call only. The 
decrease in TCP packets is caused by the TCP congestion control algorithm 
[187, 188], whereby the TCP sender reduces its sending rate if packet loss is 
detected. Recall that the TCP sending rate depends on a variety of parameters, 
for example, the congestion window and the TCP window size. In Fig. 6.6 we 
show the packet sending rate of a TCP sender with an increasing number of 
VoIP calls. As shown, initially the TCP sender has a high sending rate, but it is 
reduced with each new VoIP call, until the TCP stream is almost starved, that 
is, a packet sending rate of almost 0 (zero) packets. Then the VoIP capacity is 
limited by the AP as discussed in Chapter 3. 

Recall that TCP sender uses the congestion window (cwnd) to pace the send-
ing rate. The sender probes the network capacity by gradually increasing its 
sending rate until packet loss occurs. Once packet loss occurs, the congestion 
window is decreased and the above process restarts. Therefore the congestion 
window is used to dynamically adjust the TCP sending rate depending on the 
available network capacity. In Fig. 6.7 we show the change of the congestion 
window size with an increasing number of VoIP calls in the WLAN. As shown, 
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Figure 6.4: Aggregated TCP throughput of downlink TCP streams in an IEEE 802.11 
infrastructure WLAN with an increasing number of VoIP calls (ns-2 simu-
lation). 
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Figure 6.5: Stylized diagram of VoIP and TCP packets sharing a single access queue 
at the AP 
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Figure 6.6: Average TCP sending rate (packets/s) for an increasing number of VoIP 
calls in a DCF controlled IEEE 802.11 infrastructure WLAN (ns-2 simula-
tion) 

in the downlink direction, the congestion window is reduced with each addi-
tional VoIP call, due to the aforementioned interaction between VoIP traffic and 
the TCP congestion control. If the channel is shared with uplink TCP streams, 
the congestion window behaves differently, which we discuss below. 
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Figure 6.7: Development of the uplink and downlink TCP cwnd with an increasing 
number of VoIP calls (ns-2 simulation) 

As shown in Fig. 6.3, if the channel is shared between VoIP and uplink TCP 
streams, the VoIP capacity is significantly reduced. This significant reduction in 
VoIP capacity is due to a limited interaction between the contention of the VoIP 
packets in the downlink direction and the TCP congestion control restricting 
the sending rate in the uplink direction. As we have shown in the previous 
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chapters, the AP is a bottleneck in the WLAN in the downlink direction, but as 
there is not bottleneck in the uplink direction, the TCP senders can transmit the 
packets at a much higher rate compared to the downlink direction. Additionally, 
the returning TCP-ACK packets flood the AP access queue, reducing the VoIP 
capacity to 2 calls only, and can be referred to as AP starvation [163]. Also 
note that the transmission time of a TCP packets is significantly larger than 
that of a VoIP packet and the channel is occupied for a longer time duration. 
Therefore the average packet service time for VoIP packets in the downlink 
direction increases, which results in an increasing queue utilization that can 
lead to packet loss. 

In summary, we showed that the impact of downlink TCP streams is small 
compared to the impact of uplink TCP streams. Wheres in the downlink direc-
tion the VoIP capacity is reduced by a single call only, in the uplink direction 
the VoIP capacity is reduced by approximately two-third of its initial capacity. 

In Section 6.2.1 of this chapter we argued that multiple metrics should be 
used when determining the voice capacity. In Fig. 6.8 we show the network 
delay experienced by the wireless voice nodes for the above scenario. The 
affect of the TCP flow direction can also be observed for the network delay. 
As shown, when the wireless channel is used for voice traffic only, the delay 
rapidly increases whenever the seventh call joins. This shows that at this point 
the WLAN is saturated. Whenever the WLAN is shared with TCP downlink 
flows, the experienced delay is significantly higher compared to the the case 
where no TCP traffic is present. It can be seen that whenever there are down-
link TCP flows, the WLAN can only maintain 3, 4 or 5 voice calls using the 
G.729 voice codec with a 10 ms sampling rate, before the QoS delay thresh-
old of 60 ms, 150 ms or 200 ms is exceeded. Nevertheless, if the channel is 
shared with uplink TCP flows, the experienced delay increases rapidly when 
the third voice calls joins the WLAN. In this case, the experienced network 
delay exceeds the thresholds. This shows that packet loss and delay should be 
considered to determine the VoIP capacity in an IEEE 802.11 wireless LAN. 
Note however, that the delay depends on the users tolerance of what is an ac-
ceptable delay. In particular, the ITU G.114 standard allows delays of up to 400 
ms to be acceptable, and as we have shown in the previous chapters, as the AP 
is the bottleneck, packet loss rather than delay limits the voice capacity. 

The impact of the TCP flow direction, that is the interaction between the 
voice and TCP flows, is also reflected in the aggregated TCP throughput of the 
uplink and downlink flows. In Fig. 6.9 it can be observed that in the downlink 
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Figure 6.8: Downlink delay experienced by the wireless voice nodes for a different 
number of TCP uplink and downlink streams (ns-2 simulation) 

direction the TCP throughput decreases with an increasing number of voice 
calls, due to the reduction in sending rate caused by packet loss as outlined pre-
viously. In the uplink direction on the other hand, the TCP flows can maintain a 
high aggregated throughput. The slight decrease in TCP throughput of the up-
link flows is caused by the VoIP flows, which increase the level of contention in 
the WLAN. Nonetheless, as the TCP sender can transmit close to the maximum 
rate, the TCP throughput is high, whereas the VoIP capacity is low. 

6.2.3 Voice vs. TCP: IEEE 802.11 EDCA 

Whereas in the previous section we studied the impact of TCP flows on the 
VoIP capacity in an IEEE 802.11 WLAN when the channel access is controlled 
using DCF, in this section we study the same scenario, but we assume that the 
enhanced distributed channel access (EDCA) is used to control access. Recall 
that EDCA was first introduced in the IEEE 802.11e protocol [14] to allow the 
provisioning of quality of service to different traffic classes. As discussed in 
Section 2.2.3, EDCA uses four different access categories to classify traffic. 
In this scenario we consider that the voice and TCP flows are appropriately 
classified, and therefore the voice traffic is served by the AC VO and the TCP 
traffic is served by the AC BE access category. 

In Fig. 6.10 we show the number of voice calls an IEEE 802.11 WLAN 
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Figure 6.9: Aggregated TCP throughput of TCP uplink and downlink streams with an 
increasing number of VoIP calls (ns-2 simulation) 

can support when the channel access is controlled by EDCA and the channel 
is shared with uplink or downlink TCP flows. It can be seen that whenever the 
channel is used to transmit voice traffic only, the WLAN can support up to 9 
voice calls using the G.729 voice codec with a 10 ms sampling rate, before the 
QoS packet loss threshold of 2% is exceeded. Note that the voice capacity is 
only 7 calls when the DCF is used to control the channel access. The differ-
ence in VoIP capacity between DCF and EDCA is because the default EDCA 
parameter for the AC VO access category apply a T XOP Limit of 3.264 ms 
at a voice station in an IEEE 802.11b infrastructure WLAN. Therefore, a sta-
tion can transmit multiple voice packets when gaining channel access, and as a 
result, the voice capacity is increased as shown in Chapter 3. 

In Fig. 6.10 it can be observed that if the wireless channel is shared between 
voice and TCP traffic, the voice capacity is slightly reduced, irrespective of 
the TCP flow direction. In particular, it can be seen that the number of voice 
calls is reduced by one call only. The reduction in voice capacity is due to the 
additional channel contention in the WLAN, caused by the TCP traffic. As a 
consequence the average packet service time for the VoIP packets is increasing, 
thus increasing the queue utilization in the AC VO access category and packet 
loss occurs before packet loss is observed when no TCP flows are present. 

The results for the delay are similar to the ones shown in the previous sec-
tion. As can be seen in Fig. 6.11, whenever there is no TCP traffic, the WLAN 



 0

 1

 2

 3

 4

 5

 6

 7

 8

 9

 10

 1  2  3  4  5  6  7  8  9  10

P
ac

ke
t l

os
s 

[%
]

Number of VoIP calls

No TCP
1 TCP (down)
5 TCP (down)

1 TCP (up)
5 TCP (up)

QoS threshold (2%)

168 6.2 Performance Analysis 

Figure 6.10: Packet loss at the AP using default EDCA parameter for voice and TCP 
(ns-2 simulation) 

can maintain 9 voice calls before the delay experienced in the downlink direc-
tion exceeds the delay threshold of 60 ms. In a similar way to the observed 
packet loss, the delay threshold is exceeded when 7 calls and multiple TCP 
flows in either direction share the channel. 

Applying the default EDCA parameter for voice and TCP traffic also pro-
vides protection for the TCP flows. As we have shown in the previous section, 
if the channel is shared between the VoIP and downlink TCP flows, with an in-
creasing number of VoIP calls, the aggregated TCP throughput decreases, and 
once the network is saturated the TCP flows are (almost) starved, with a TCP 
throughput less than 0.1 Mbit/s. However, since in EDCA the AP uses two 
separate access queues for the different traffic, the TCP flows can gain a higher 
channel access rate compared to the DCF controlled channel access. As shown 
in Fig. 6.12, the aggregated TCP throughput that can be maintained is between 
0.5 MBit/s and 1MBit/s, irrespective of the TCP flow direction, even if the max-
imum number of voice calls are carried simultaneously over the WLAN. Note 
that the lines between the data points is to be understood as a trendline showing 
the reduction of the average aggregated TCP throughput for uplink and down-
link TCP streams. 
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6.3 Improving VoIP and TCP 

6.3.1 Voice vs. TCP: The effects of T XOP Limit parameter 

In the previous sections we established a baseline case, and showed that us-
ing EDCA rather than DCF can improve the voice capacity and also provide 
protection to TCP data flows. In particular we showed that using the default 
EDCA parameter that the VoIP capacity is increased by two calls due to a larger 
T XOP Limit parameter. Also, due to the two different access categories at the 
AP we showed that the TCP flows can maintain a significantly higher aggre-
gated throughput compared to results showed when DCF is used. However, 
there have be multiple publications discussing the performance of the default 
MAC parameter, and suggest means of improving the overall system perfor-
mance by adjusting the default MAC parameter of a single or multiple access 
categories [1, 17, 134, 135, 186, 190]. 

For example, in [134, 135] the authors show that adjusting different MAC 
parameters can lead to improved system performance by mitigating the delay 
asymmetry that exist between the wireless nodes and the AP. Also, in [1] the au-
thors show that adjusting the AIF S, CWmin and T XOP Limit parameters can 
improve the overall performance of TCP flows in the WLAN. In Chapter 3 we 
showed that a significant VoIP capacity gain can be achieved if a channel access 
preference is given to the AP using the adjustable T XOP Limit parameter. 

Following our approach of Chapter 3, we assigned a channel access priority 
to the AP using the T XOP Limit parameter, and we want to investigate its 
impact on VoIP capacity and TCP throughput. To evaluate the performance, the 
AC BE and AC VO access category at the AP share the same MAC parameter 
settings, in particular CWmin = 31 and AIF S = 50µs, and are differentiated 
by setting a different T XOP Limit for VoIP only. Therefore, whenever the 
AC VO queue wins the channel access, the AP can transmit up to η packets per 
channel access, as in Chapter 3. 

Our results, showed that different access categories with equal MAC param-
eter settings provide suboptimal performance. In particular for η = 1 for VoIP 
traffic, the WLAN can only support 2 voice calls when the channel is shared 
with TCP flows in either direction. These results are not surprising, and the sig-
nificant reduction in voice capacity is caused by the interplay of the two queues 
at the AP. For η = 1 and equal MAC parameter settings in both access cate-
gories, on average, the probability of either sending a voice or a TCP packet is 
approximately 50%. Thus, for every voice packet sent by the AP, the AP then 



171 6.3 Improving VoIP and TCP 

attempts to transmit a TCP packet in the downlink direction. Note that for sim-
plicity we do not consider internal collisions at the AP. If the channel is shared 
with uplink TCP flows, the call capacity is also reduced as discussed in Section 
6.2.2. 

In Fig. 6.13 we show the maximum number of voice calls the WLAN can 
support when the channel is shared with uplink and downlink TCP flows for se-
lected values of T XOP Limit parameter η. Note that here we only show results 
if the channel is shared with a single TCP flow in either direction. Considering 
a single TCP flow is acceptable, because we have shown in the previous section 
that the number of TCP flows has no affect on the voice capacity, as the TCP 
flows equally share the channel access [40]. It can be seen that with an increas-
ing value of η, the number of voice calls increases. This result are inline with 
those in Chapter 3, that is setting a larger T XOP Limit parameter allows the 
AP to transmit multiple packets per channel access, thus increasing the number 
of VoIP calls. Observe that the maximum voice capacity is reached for η = 5. 
Setting a larger value, e.g. η = 7 will not increase the capacity, and setting 
η = 10 will penalize the wireless voice nodes, as shown previously in Chapter 
3. For η = 5 the the network can support 5 and 6 voice calls, depending on the 
TCP flow direction. 

1 2 3 4 5 6 7 8 9 10
Number of VoIP calls

0

10

20

30

40

50

60

70

80

P
ac

ke
t l

os
s 

[%
]

TXOP = 2, 1 TCP (up)
TXOP = 5, 1 TCP (up)
TXOP = 7, 1 TCP (up)
TXOP = 10, 1 TCP (up)
TXOP = 2, 1 TCP (down)
TXOP = 5, 1 TCP (down)
TXOP = 7, 1 TCP (down)
TXOP = 10, 1 TCP (down)
QoS threshold (2%)

Figure 6.13: Packet loss at the AP for selected values of TXOPLimit parameter η
and uplink and downlink TCP flows (ns-2 simulation) 

Even though the voice capacity is still lower than compared to using de-
fault EDCA parameter, the aggregated TCP throughput on the other hand is 
improved. In Fig. 6.14 we show the aggregated TCP throughput for differ-
ent values of the T XOP Limit parameter η and multiple uplink and downlink 
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TCP flows. Observe that the lowest TCP throughput that can be maintained 
is approximately between 1 and 1.5 MBit/s, even though the aggregated TCP 
throughput decreases for each increased value of η by approximately 250kbit/s. 
This is significantly higher than the results shown for the default EDCA set-
tings. Therefore, the proposed settings of an equal channel access probability 
with higher preference for the voice packets of the AP, e.g. η = 5, maximizes 
the voice capacity in conjunction with aggregated TCP throughput. Therefore, 
the provided parameter settings are optimal for the scenario when voice and 
TCP data flows share the wireless channel and provides a tradeoff between 
VoIP capacity and TCP throughput. 
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Figure 6.14: Aggregated TCP throughput for selected values of TXOP parameter and 
multiple uplink and downlink TCP flows (ns-2 simulation) 

6.3.2 Voice vs. TCP: The impact of the DCwP scheme on 
VoIP capacity and TCP throughput 

In the previous chapter we proposed a novel scheme to improve the VoIP ca-
pacity in WLAN, based on dynamic voice codecs and traffic prioritization. In 
this dynamic codec with priority (DCwP) scheme we use a tradeoff between 
call quality and channel access priority to increase the system performance. As 
we have shown, the DCwP scheme can provide a voice capacity gain of almost 
300% for some scenarios, with a high level of voice call quality. 



173 6.3 Improving VoIP and TCP 

In this section we investigate if a similar performance gain can be achieved 
if the channel is shared with concurrent TCP flows. Beside the increase in VoIP 
capacity, we also want to study if an increase in TCP performance, i.e. TCP 
throughput, can be achieved. 

Recall that the DCwP scheme is implemented by way of using two different 
queues at the AP, a standard queue and a priority queue, denoted by Vd and p, 
respectively. All high quality voice calls use the G.711 voice codec with a 10 
ms sampling rate, and initially all calls as well as the TCP flows are served by 
the Vd queue at the AP. As with an increasing number of VoIP calls at some 
stage the user perceived call quality can no longer be maintained as the network 
becomes saturated, an individual user can then chose to adjust the voice codec 
to a lower quality codec, for example, adjust from the G.711 voice codec with a 
10 ms sampling rate to a G.729 voice codec with a 20 ms sampling rate. As per 
the scheme, to provide an incentive to the user to adjust to a lower quality voice 
codec, the voice packets of such calls are then served by the priority queue at the 
AP, thus guaranteeing throughput and high call quality. Note that in this section 
we will focus on the two scenarios 4 and 5 defined in Chapter 5, because those 
scenarios yield the highest performance gain in terms of numbers of voice calls. 

We have shown previously that an IEEE 802.11b infrastructure WLAN can 
only maintain 6 voice calls using the G.711 voice codec with a 10 ms sampling 
rate. Similar to the result shown earlier in this chapter, once the wireless channel 
is shared with either TCP uplink or TCP downlink traffic, the voice capacity is 
reduced, as shown in Fig. 6.15. In particular, if the channel is shared between 
voice and downlink TCP flows, the VoIP capacity is reduced by one call, and 
the WLAN can now only 5 calls. If the channel is shared with uplink TCP 
flows, the capacity is reduced to two voice calls only, due to reasons discussed 
earlier on. Therefore the benefits of our scheme can be observed if the WLAN 
can support a minimum of 6 voice calls if the channel is shared with downlink 
TCP flows, or more than 2 voice calls if the channel is shared with uplink TCP 
flows. 

In Fig. 6.16 we show the number of VoIP calls that can be supported in 
scenario 4 with an increasing number of priority calls, when the channel is 
shared with downlink TCP flows. It can be seen that the results are equivalent 
to those shown in Chapter 5, and that at least two users need to adjust the voice 
codec to lower the level of contention in the WLAN, and thus increase the 
number of calls that can be maintained. As shown, if the WLAN is shared with 
TCP downlink flows, the network can support up to 6 voice calls if at least 2 
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Figure 6.15: Number of G.711 voice calls when the wireless channel is shared with 
TCP downlink flows without the DCwP scheme (ns-2 simulation) 

voice calls are served by the Vp queue at the AP. This result shows that the 
DCwP scheme also provide a capacity gain if the channel is shared with TCP 
downlink flows. 
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Figure 6.16: Number of VoIP calls for an increasing number of priority calls using 
Scenario 4 as in Chapter 5 (ns-2 simulation) 

Even though the DCwP scheme works well if the channel is shared with 
downlink TCP flows, as the number of high quality calls can be increased, the 
scheme does not provide a further call capacity improvement if the wireless 
channel is shared with uplink TCP flows. 

Using our DCwP scheme, we also want to investigate if the proposed scheme 
provides some benefits to the TCP flows, i.e. an increased TCP throughput. 
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In Fig. 6.17 we show the downlink TCP throughput for the scenario de-
scribed above. Note that initially, there is no VoIP traffic, and that each individ-
ual call is added to the WLAN every 10 s, for example, the first call is added at 
10 s, the second at 20 s and so forth, until the 6th call joins at 60 s. It can be seen 
that with an increasing number of VoIP calls, the TCP throughput is decreasing. 
This is in line with results presented earlier in this chapter. However, it can be 
observed that for the different configurations (denoted as Si(αN, (1− α)N) as 
in Chapter 5), the minimum TCP throughput is increasing. For example, for the 
configuration S4(6, 0) (6 standard calls, 0 priority calls) the TCP throughput is 
starved as the network is saturated. However, if the WLAN carries for example 
three standard and three priority voice calls (S4(3, 3)) (3 standard calls, 3 pri-
ority calls), the minimum throughput that can be maintained is approximately 
750 kbit/s. Further increasing the number of priority calls in the WLAN will 
further increase the minimum TCP throughput up to approximately 2.5MBit/s 
for the S4(0, 6) configuration. This increase in TCP throughput is because of 
the reduced number of voice packets in the Vd queue, thus reducing the TCP 
packet loss, and the TCP sender can maintain a higher sending rate. Comparing 
the TCP throughput results with those presented in the previous section where 
we used the adjustable T XOP Limit parameter, it can be seen that a slightly 
higher and more consistent TCP throughput can be achieved. This shows that 
the DCwP scheme in terms of TCP throughput is superior to just using the 
T XOP Limit solution and that for certain scenarios an even higher VoIP ca-
pacity can be achieved if the channel is shared between VoIP and downlink TCP 
traffic. 
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The results for scenario 5, whereby a user switches to the G.723 voice 
codec, are similar the results above. However, a slightly higher TCP through-
put can be achieved. This is because the G.723 voice codec has a 30 ms sam-
pling rate, as as such generates a lower number of packets, thus allowing an 
increased number of TCP packets in the WLAN, and as a result increases the 
TCP throughput. 

6.4 Summary 

In this chapter we studied the impact TCP uplink and downlink flows have on 
the number of voice calls that can be maintained in an IEEE 802.11 infrastruc-
ture WLAN. We confirmed that the voice capacity is reduced by one call when 
the channel is shared with downlink TCP flows, but whenever the channel is 
shared with uplink TCP flows the number of calls that can be maintained is sig-
nificantly reduced. This difference in call capacity is caused by the interaction 
and independence of the TCP flows with the voice flows at the AP and the wire-
less nodes. By analyzing the voice capacity in an a DCF and EDCA controlled 
WLAN, we showed that an increased capacity can be achieved when EDCA 
was used. This was not unexpected, as EDCA has been designed to provide 
quality of service to different traffic categories in wireless networks. 

Following our approach in Chapter 3, we investigated giving preference to 
the downlink voice streams using the adjustable T XOP Limit parameter at the 
AP. By applying equal MAC parameter at both access queues at the AP, and 
only varying the T XOP Limit parameter η for the voice traffic, we showed 
that the interaction between the two access queues at the AP severely limit the 
number of voice calls. However, then applying an increasing value of η for the 
voice traffic only showed that the voice capacity gain can be achieved. Even 
though the total capacity was one call short of the voice capacity that could be 
achieved with the default EDCA parameter, the overall TCP throughput was 
increased. Therefore setting a large value of η at the AP for the voice traffic is 
a tradeoff between voice capacity an TCP throughput. 

We showed that our proposed scheme in Chapter 5 can also provide great 
benefits to the user if the channel is shared with TCP flows. We showed that the 
voice capacity can be increased if a user adjusts to a lower quality voice codec 
but the packets are served by a higher priority access category. In particular we 
showed that the WLAN can support a minimum of 6 voice calls in conjunction 
with TCP downlink flow if a least two users adjust the codec. The maximum 
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voice capacity increase here is in line with the results reported in Chapter 5. 
However, considering also the TCP throughput, we see that our proposed so-
lution is superior to only using the T XOP Limit limit parameter for the voice 
traffic. Whereas in the solution utilizing η for voice only, the TCP throughput 
decreases with each increase in η, using the DCwP scheme we see that the min-
imum TCP throughput increases with each user adjusting to a different voice 
codec. These results show that the DCwP scheme can improve the voice ca-
pacity without compromising the call quality of all voice calls, and furthermore 
improves the minimum TCP throughput. 

Perhaps the key lesson from this chapter is that optimizing throughput of 
both VoIP and TCP is challenging. There are complex interactions between the 
parameters used to configure the IEEE 802.11 MAC and TCP. The work in this 
chapter has explored some of these interactions. 



7
Conclusion 

The aim of this thesis was to provide an in-depth analysis of VoIP in IEEE 
802.11 infrastructure WLANs to gain a better understanding of the subpar per-
formance of VoIP in wireless environments. We approached the performance 
problem by developing a detailed analytical model that captured the complex 
interactions between the VoIP traffic and the contention based channel access 
using EDCA of the IEEE 802.11 Medium Access Control protocol. With this 
model we first investigated the VoIP performance in terms of the number of 
voice calls with an acceptable level of call quality, and then presented different 
solutions to improve the performance inline with our requirements for an ideal 
solution as outlined in Chapter 1. 

Considering an IEEE 802.11 infrastructure WLAN with EDCA basic ac-
cess, we showed that a significant increase in VoIP capacity was achieved when 
an access priority was assigned to the AP to alleviate the AP bottleneck prob-
lem using the QoS mechanism of the IEEE 802.11 protocol. In our analysis 
we identified optimal MAC parameter settings that increased the number of 
VoIP calls without compromising the overall system performance, for example, 
excessive delays at wireless VoIP nodes. In particular, we showed that some 
suggested parameters in the relevant literature are too aggressive causing the 
overall performance of the system to be reduced. In particular we highlighted 
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that too aggressive parameter settings can severely affect the performance of 
the wireless voice nodes and that the bottleneck in the WLAN can shift from 
the AP to the wireless voice nodes. 

Our analytical model also allowed us to study the buffer requirements for 
VoIP in WLANs. Our analysis based on traffic prioritization at the AP signif-
icantly increased the number of VoIP calls that can be maintained. However, 
we also showed using our model and simulation that if the number of calls kept 
increasing, at some stage, packet loss at the AP occurs, because the packet ar-
rival rate at the AP exceeded the capacity of the AP in terms of service rate and 
buffer space. Our analysis of the buffer requirements revealed that the VoIP 
capacity in an IEEE 802.11 infrastructure WLAN is independent of the buffer 
size and that there exists a minimum buffer size that maximizes the VoIP ca-
pacity. To substantiate our claim of the buffer size independence, we modified 
our analytical model such that an infinite buffer space was considered, and we 
showed that the results obtained with this model are a close match to our re-
sults obtained when a finite buffer size is considered. As part of our modified 
analytical model, we presented a closed-form expression for the VoIP capacity 
in a WLAN as a simple means to obtain the number of calls that can be sup-
ported, rather than deriving the capacity based on a fixed-point formulation or 
a complex Markov-chain based model as used in some of the related literature. 

Based on our finding of the buffer size independence and the aforemen-
tioned closed-form expression we proposed a novel way of obtaining the num-
ber of VoIP calls that an IEEE 802.11 infrastructure WLAN can support, and 
proposed the VoIP capacity approximation. This novel approximation equation 
allows us to provide a further insight into the interaction between VoIP traf-
fic and the contention based channel access in an EDCA controlled WLAN. In 
particular, this approximation allows us to analytically confirm the asymptotic 
VoIP capacity that had been identified in our initial discussion about the VoIP 
capacity in conjunction with the MAC parameter optimization. 

Besides using traffic differentiation to increase the number of VoIP calls that 
can be supported in a common IEEE 802.11 infrastructure WLAN, we proposed 
a novel scheme based on dynamic voice codecs and traffic prioritization at the 
AP to exploit a tradeoff between call quality and traffic priority. We showed that 
the proposed dynamic codec with priority (DCwP) scheme provides a superior 
VoIP capacity without compromising the individual call quality compared with 
the previously used solution based on traffic differentiation only. A particular 
focus of our analytical model was to accurately capture the internal collisions 



180 7.1 Future work & Outlook 

between the different access categories at the AP, and we showed that inter-
nal collisions cannot be neglected as is done in some of the related literature. 
Additionally, we implemented the ITU E-model to demonstrate the higher call 
quality our proposed scheme can provide. 

Furthermore, we extended our analysis of VoIP in IEEE 802.11 WLANs to 
show the impact of TCP traffic on VoIP capacity. Even though the impact of 
TCP traffic on VoIP in WLANs had been investigated in some of the relevant 
literature, in this work we presented a further analysis when VoIP and TCP 
traffic share the channel in DCF and EDCA controlled WLANs. Our analysis 
was focused on the improvement of systems performance, and we showed that 
our proposed DCwP scheme is superior in terms of increased VoIP capacity and 
TCP throughput if compared with results based on traffic differentiation only. 

7.1 Future work & Outlook 

This work has explored the complex interaction between VoIP traffic, the Medium 
Access Control of the IEEE 802.11 protocol and how they affect the perfor-
mance of VoIP throughput. We have developed a good understanding of these 
interactions and how VoIP capacity in WLAN can be significantly increased. 
However in the course of the research work, additional questions have been 
identified. Here we present a brief overview of some of the potential research 
questions. 

IEEE 802.11n: How well can the new high speed IEEE 802.11 protocol sup-
port VoIP traffic? An initial analysis is presented in [107], however, a full in-
vestigation into the different frame and ACK aggregation techniques that yield 
the highest VoIP and overall system performance is yet to be undertaken. 

Performance of dynamic codecs: Our analysis of dynamic codecs was based 
on the G.729 and G.711 voice codecs with known properties and traffic pat-
terns. However, how well does a dynamic voice codec, such as SILK in Skype, 
work in WLANs, and will the codec perform as well as predicted in our pro-
posed DCwP scheme? 

VoIP vs. streaming video: Throughout this thesis we have demonstrated that 
our analytical approach is versatile and that our analytical model can be used 
to investigate different scenarios and traffic types, for example streaming video 
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traffic. Streaming video is an important emerging service, due to its potential to 
replace current television services and incorporate streaming video with other 
consumer relevant services, for example, social TV. However, the open ques-
tions here are for example, what impact has streaming video traffic on VoIP in 
WLANs? Are the default QoS parameter settings sufficient to provide an opti-
mal system performance and cope with high definition TV streams? 

Implications of internal collisions for different traffic types: In this thesis 
we only considered an internal collision between two different VoIP traffics. 
What is the performance of the internal collision mechanism? How well does 
it perform when all traffic classes are used with background, best-effort, voice 
and video traffic? 

The quality requirements of VoIP and the characteristics of the WLAN pro-
tocol interact in surprising ways. This thesis has explored some of the those 
interactions. Nevertheless there is considerable future work to be carried out as 
newer applications emerge and the series of IEEE 802.11 protocols is developed 
further. 
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Appendix A 

priority.tcl 

The following shows the default setting of the priority.tcl file of the 
EDCA extension by the TU-Berlin [179, 180]. 

[...]

# 802.11b parameters (default EDCA parameter set),

# aCWmin=31, aCWmax=1023

proc priority { ifq_name } {

upvar $ifq_name ifq

# parameters for Queue 0

$ifq Prio 0 PF 2

$ifq Prio 0 AIFS 2

$ifq Prio 0 CW_MIN 7 ;# (aCWmin+1)/4 - 1

$ifq Prio 0 CW_MAX 15 ;# (aCWmin+1)/2 - 1

$ifq Prio 0 TXOPLimit 0.003264

#parameters for Queue 1

$ifq Prio 1 PF 2

$ifq Prio 1 AIFS 2

$ifq Prio 1 CW_MIN 15 ;# (aCWmin+1)/2 - 1

$ifq Prio 1 CW_MAX 31 ;# aCWmin

$ifq Prio 1 TXOPLimit 0.006016

#parameters for Queue 2

$ifq Prio 2 PF 2
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$ifq Prio 2 AIFS 3

$ifq Prio 2 CW_MIN 31 ;# aCWmin

$ifq Prio 2 CW_MAX 1023 ;# aCWmax

$ifq Prio 2 TXOPLimit 0

#parameters for Queue 3

$ifq Prio 3 PF 2

$ifq Prio 3 AIFS 7

$ifq Prio 3 CW_MIN 31 ;# aCWmin

$ifq Prio 3 CW_MAX 1023 ;# aCWmax

$ifq Prio 3 TXOPLimit 0

}

Wired/Wireless node VoIP codec configuration 

The following shows the configuration of a VoIP node (wired/wireless). Note 
that the parameters for $byte and $ival was set according to the used voice 
codec, e.g. $byte = 10 and $ival = 0.01 for a G.729 voice codec with 
a 10 ms sampling rate. Also note that the value for $prio was adjusted for 
the AP or the wireless nodes. 

[...]

set vnode [new Agent/UDP]

$vnode set class_ 0

$vnode set prio_ 1

$ns attach-agent $WN $vnode

set vnode_traffic [new Application/Traffic/CBR]

$vnode_traffic set packetsize_ $bytes

$vnode_traffic set interval_ $ival

[...]
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