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ABSTRACT
The communication of voice over wireless local area networks (WLANs) is influenced by the choice of speech codec,
packetization interval and PHY layer bit rates. These choices
affect the number of voice users that can be supported on
the WLAN as well as the speech quality experienced by each
user. We investigate the effect of different combinations of
these parameters for a 802.11a WLAN in different channel
conditions with the objective of maximizing the number of
voice users supported on the WLAN subject to a quality
constraint. We use an indicator for assessing the speech
quality experienced by a single user in a WLAN, based on
a Perceptual Evaluation of Speech Quality (PESQ)-Mean
Opinion Score (MOS) constraint and the probability of a
voice user achieving this constraint. The contributions of
this paper are three-fold. First, a PHY layer rate adaptation scheme is proposed, in which the operating rate for each
Signal to Noise Ratio (SNR) is chosen as the one that maximizes the capacity given a quality constraint. Second, based
on the PHY layer rate adaptation scheme, we evaluate the
effect of the choice of codec and voice payload size on the capacity values obtainable at different SNRs. Finally, we show
the effect of channel conditions and the tightening of quality
constraints on the capacity values at different SNRs.

Categories and Subject Descriptors
C.2.1 [Network Architecture and Design]: [wireless communication]

General Terms
Design, Performance
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1.

INTRODUCTION

The widespread use of Voice over IP (VoIP) and its extension to wireless local area networks (WLANs) has led
to an increased interest in the study of voice over wireless
LANs (VoWLANs). Since conventional WLANs have been
designed for packet data, communicating voice over WLANs
has its own challenges. Packet voice communication is sensitive to delay, but relatively less sensitive to packet losses
compared to communication of data packets. In the case
of VoWLANs, multiple choices for speech codec, the packetization interval and the PHY layer bit rate are available.
These factors affect both the quality that a voice user in the
network can expect to experience, and the number of voice
users that can be supported on an access point, also defined
as its capacity [5].
Faced with multiple choices, the issue is one of finding the
best combination of voice payload size, transmitted bit rate
and speech codec that achieves the maximum capacity with
good quality under realistic channel conditions. In this paper, we investigate such combinations for an 802.11a based
WLAN with a PESQ-MOS based quality constraint for frequency selective multipath fading channels. An extensive
set of experiments for different multipath fading realizations
were conducted for different combinations of codecs (G.711
and G.729), voice payload sizes (10 ms and 20 ms with and
without header compression), data rates (6 Mbps-54 Mbps)
and SNRs (0 dB to 40 dB in increments of 5 dB). Based on
an analysis of this experimental data, we
• Compare the PESQ-MOS performance of each codec
and payload size for different SNRs for every rate offered by 802.11a

Voice over WLANs, voice quality indicator, rate adaptation,
number of voice users, frequency selective multipath fading,

• Employ a quality constraint based on obtaining good
speech quality (e.g. MOS ≥ 3.0) with a very high
probability (e.g > 0.9) that accounts for the variation
in MOS with packet loss patterns
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• Devise a PHY layer bit rate adaptation scheme which
determines the set of operating rates for different SNRs
based on maximizing the speech quality constrained
capacity
• Compare the performance of G.711 and G.729 using
voice payload sizes of 10 ms and 20 ms based on the

• Contrast capacity in a multipath fading environment
with that obtained in an AWGN channel.
• Evaluate the effect on capacity of tightening the quality constraints.
Previous work on the capacity of voice based wireless
LANs evaluate capacity by changing the voice payload size
and codec under a fixed operating rate [5] and does not examine the variation in speech quality with different packet
loss patterns corresponding to the same packet loss rate
(PLR) [12, 13]. In [5], it is shown that the capacity for
an IEEE 802.11b network at a data rate of 11 Mbps can be
increased with an increase in the allowable delay. However,
the quality metric used in [5] is based on an average MOS
score which, as we demonstrate, is a poor reflection of the
quality an individual user can expect to achieve. Furthermore, in [5] the MOS values for a packet size of 50 ms for
different packet PLRs is assumed to be equal to those for
20 ms. This ignores the fact that large voice payload sizes
are more difficult to conceal and hence result in poorer performance compared to smaller voice payloads at the same
PLRs.
The effect of fading in 802.11a based voice networks is
considered in [14]. Their use of a MOS constraint and the
probability of not achieving this constraint, as an indicator
of quality, is similar to the one employed by us. However, the
MOS values used in [14] are based on an average PLR and
are obtained from the E-Model, and do not incorporate the
effect of variation in MOS with packet loss patterns as we
do here. They also do not examine the capacity for different
rates or different packet sizes.
In [12], the capacity of the network was evaluated for
different rates, packetization intervals, and different 802.11
standards. However their analysis considers the G.711 codec
only and is based on a PLR constraint of ≤ 2%. In [13], the
authors use results from [3] to estimate the PLR vs SNR
characteristics. However, these PLRs were estimated for
512 byte payload sizes, which are much longer than 10 and
20 ms G.711 and G.729 payload sizes.
The work in this paper is a comprehensive effort that
includes defining a quality constraint for WLAN capacity
evaluation, developing a PHY layer rate adaptation scheme
based on quality and capacity, and evaluating the qualityconstrained capacity for different payload sizes, codecs, transmitted bit rates and different SNRs. Each of these are discussed in detail in the following sections.

2. SPEECH QUALITY INDICATOR FOR
VOICE OVER WIRELESS LANS
The popular speech quality metrics currently in use for
narrowband speech are the E-model [8] and the PESQ [11].
PESQ uses the reference and degraded speech to provide an
MOS score for the degraded speech based on a perceptual
evaluation. It does not incorporate the effect of delay but
reflects the effect of packet loss patterns and the packet loss
concealment scheme on the overall quality. In Figure 1 we
evaluate the PESQ-MOS for two speech files of male and
female speech, respectively, each of which is 8 seconds long
and is coded using G.729 with a voice payload size of 10 ms.

500 different packet loss patterns are considered for each of
a set of PLRs from from 1% to 10 %. We observe that for
a specific PLR, there can be a significant variation in the
PESQ-MOS scores. For example, at a PLR of 10 %, the
PESQ-MOS lies between 2.7 and 3.3. This is because the
perceptual importance is different for different frames in the
speech file. For different packet loss patterns corresponding
to a given PLR, the PESQ-MOS varies depending on the
perceptual importance of the frames lost.
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Figure 1: CCDF of PESQ MOS values for G.729
coded speech with frame size of 10 ms for different PLR based on 500 different packet loss patterns
corresponding to each PLR
Based on the above complementary cumulative distribution functions (CCDFs), we can define a quality indicator
called the M OSx as the MOS value a user can expect to
obtain or exceed with a probability of x%. Based on this
definition, M OS50 refers to the value of MOS which a user
can expect to obtain or exceed with a probability of 0.5.
The values of the average MOS, M OS50 and M OS90 over
the 500 realizations corresponding to each PLR, are plotted in Figure 2. We observe that the average value of the
MOS is approximately equal to M OS50 . This implies that
the average MOS value represents a MOS score that a user
can expect to obtain with a probability of only 0.5. In other
words, the average MOS value does not guarantee that a
user will actually experience that quality. Alternately we
can specify a quality indicator with a higher guarantee, such
as the M OS90 which is defined as the MOS value that a user
can expect to exceed with a probability of 90%. This indicator provides a value of the MOS that a user can expect to
obtain or exceed with a high probability, unlike the average
MOS.
The E-model evaluates the speech quality based on a number of network and speech parameters, such as the loudness
rating, codec used, PLR and the delay on the network. It has
the advantage of providing a real-time estimate of the speech
quality and also incorporates the effect of delay. However
the E-model provides an estimate of quality based on PLR.
As we have shown, MOS values may vary depending on the
packet loss patterns for a given PLR. This is not accounted
for in the E-model.

4
Average MOS
MOS50
MOS
90

Number of bi−directional calls supported

3.8

PESQ−MOS

3.6

3.4

3.2

3

G.711
G.729

200

150

100

50

0
10
20
30

2.8

40
50
2.6
0%

6

9

12

18

24

36

48

54

Data Rate (Mbps)

Voice payload size (ms)
1%

3%

5%
PER

7%

10%

Figure 2: Comparison of average M OS, M OS50 and
M OS90 for G.729 coded speech
Based on the above observations, we use the PESQ-MOS
with a probability constraint as an indicator of quality in
our experiments. It is important to note that the E-Model
standard [8] includes mapping functions for mapping MOS
values to E-Model values and vice versa. The use of the Emodel might be appropriate if the effect of delay has to be
incorporated. Since we consider small voice payload sizes of
up to 20 ms and assume no retransmissions in our experiments, the delay would typically not exceed the acceptable
threshold of 150 ms for allowable one-way delay [9].

3. SPEECH QUALITY CONSTRAINED
CAPACITY IN FREQUENCY SELECTIVE
MULTIPATH FADING
The analytical expression for capacity is the same as used
in [5] and is given by
Tvp
Ttransmit

speech codec and using the maximum available voice payload size and transmission rate. However, under realistic
channel conditions, the PLR would depend on the transmission rates, payload sizes and the SNR. The quality of the
speech is dependent both on the packet loss pattern and
the codec employed. For a given SNR, the choice of data
rate, codec, and voice payload length impacts both the capacity supported and the speech quality obtained by each
user. Therefore, the objective of finding the combination
of transmission rate, codec and voice payload that achieves
the highest capacity given a quality constraint for different
SNRs assumes significance. In the remainder of this paper,
we define capacity to mean the number of users supported
on an access point under a quality constraint.

3.2

3.1 Analytical Expression of Capacity

N=

Figure 3: Analytical capacity bounds for 802.11a
with RoHC for G.711 and G.729 coded speech for
different voice payload sizes and data rates

(1)

where Tvp is the size in ms of the voice payload, and Ttransmit
is the time involved in the successful transmission of a packet
in an 802.11a network,
Ttransmit =2 ∗ (Tvoice + SIF S + Tack + DIF S)+
(Tslot ∗ CWmin /2)
Tvoice is the time taken to transmit a packet at a data rate
R Mbps. The SIFS, DIFS and Tslot times for 802.11a are
16 µs, 34 µs and 9 µs, respectively, while the minimum
contention window size (CWmin ) is 15 [7]. Tack is the time
that the sender has to wait to receive an acknowledgment
from the receiver and depends on the data rate R. Thus the
capacity value varies with data rates supported by 802.11a
and the voice payload size in each packet. A plot of the
capacity values for different rates and voice payload sizes
for G.711 and G.729 is shown in Figure 3.
It is important to note that the above definition of capacity assumes ideal channel conditions and no retransmissions.
For such an ideal case, it is seen from Figure 3 that maximum analytical capacity is obtained by employing the G.729

Simulation scenario

The scenario we consider consists of multiple users associated with an access point which in turn is connected to
a wired IP network. Each user associated with the access
point is talking to another user through the IP network.
Thus the number of users associated with the access point
is equal to the number of bi-directional calls and is referred
to as the capacity of the access point.
Two speech files each of duration 8 seconds and containing
speech segments from a male and female speaker were used.
For coding the speech, G.711 [1] with ITU packet loss concealment (PLC) [10] and G.729 with default PLC [2] have
been considered. Voice payload sizes of 10 ms and 20 ms
are used, which correspond to 800 packets and 400 packets,
respectively. The use of longer voice payload size adds to
the overall delay. We further observe from Figure 4 that a
voice payload size of 50 ms provides a MOS of < 3.0 at a
PLR of slightly greater than 3%. This is due to the fact
that larger voice payload sizes are more difficult to conceal
by the speech decoder as compared to smaller voice payload
sizes. Hence for our experiments, we do not consider voice
payload sizes greater than 20 ms. Packetization of speech
with and without Robust Header Compression (RoHC) has
been considered. In case of the latter, the RTP/UDP/IP
header size is reduced from 40 bytes to 2 bytes. No silence
suppression is assumed.
In order to estimate the packet error rate under different
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Figure 4: M OS90 values for G.729 coded speech with
voice payload sizes of 10 ms, 20 ms and 50 ms
channel conditions, we modified a readily available OFDM
simulator for the IEEE 802.11a PHY [6]. Non-fading channels as well as multipath fading channels are considered.
Noise is modeled as AWGN in both scenarios. The decoding at the receiver is based on soft decision Viterbi decoding.
We also assume perfect synchronization and channel estimation.
The wireless channel model used for the multipath fading
case is the Nafteli Chayat model [4], which is a standard indoor wireless channel model with an exponentially decaying
Rayleigh faded path delay profile. The RMS delay spread
used is 50 nanoseconds, which is typical for home and office
environments. Each realization of the multipath delay profile corresponds to a stationary VoIP user which results in a
specific loss pattern. 500 different multipath fading realizations are conducted for each data rate, average SNR, codec
and packet size.
All the data rates for 802.11a were used and no retransmission is assumed. Values of SNR ranging from 0 dB to
40 dB in increments of 5 dB are employed. The packet loss
patterns for each fading realization are used for dropping
packets in the coded speech files with the specified packetization interval, and the PESQ-MOS is evaluated for the
decoded speech.

3.3 Speech Quality Constraint
The MOS values for the 500 realizations for different SNRs
and for different PHY layer rates, codecs and packet sizes,
are plotted as CCDFs. The plot in Figure 5 for G.729 coded
speech with voice payload size of 20 ms and a rate of 24 Mbps
is one example from the set of plots obtained for different
rates.
Based on the assumption that a MOS ≥ 3.0 achieves a
good speech quality, we observe from the CCDF plots that
corresponding to each rate, there is a set of low SNR values
which satisfy this constraint with a probability of ≤ 0.1. At
these SNRs, a user can expect good quality with a very low
probability. In Figure 5, this is represented by the SNRs up
to 5 dB. Similarly there are a set of high SNR values which
can achieve the constraint with a probability of ≥ 0.9. At
these SNRs, a user can expect to achieve good quality with
a very high probability. In Figure 5, SNRs of 15 dB and
higher can be classified in this category. In between these
two regions, there exists a set of intermediate SNR values
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Figure 5: CCDFs of PESQ-MOS values for voice
payload size of 20 ms coded using G.729 and sent
on an 802.11a network at 24 Mbps with RoHC

with a probability of between 0.1 to 0.9 of achieving the
MOS constraint. This is illustrated by the SNR of 10 dB
in Figure 5. As a means of ensuring that each user achieves
good voice quality with a very high probability, a speech
quality constraint of MOS ≥ 3.0 with a probability of ≥
0.9 is employed. This defines our region of interest as being
those SNRs for each rate which satisfy this constraint.

3.4

Rate Adaptation Scheme based on maximization of Quality-constrained Capacity

Based on the constraint of obtaining a MOS ≥ 3.0, we obtain the probabilities of achieving this constraint for different
SNRs corresponding to each PHY layer rate, and for different such rates for both the G.711 and G.729 speech codecs.
An example plot of the probabilities for different PHY rates
and with varying SNR is shown in Figure 6 for G.729 coded
speech with a voice payload size of 20 ms and using RoHC. A
PHY layer rate adaptation scheme is devised, that for each
SNR we choose the rate, which satisfies the speech quality
constraints, and provides the highest capacity. In Figure 6,
the points where the horizontal line corresponding to a probability of 0.9 intersects the curves for each rate represents
the set of operating rates for the corresponding SNRs on
the x-axis. The only exception is the rate of 9 Mbps, which
exhibits a performance worse than 12 Mbps and hence is
never employed at any SNR. The approximate values of the
SNRs at which different 802.11a rates are employed under
the proposed rate adaptation scheme for G.729 with a voice
payload size of 20 ms, and the corresponding capacity values
are shown in Table 1.
Table 1: Rate adaptation scheme for 802.11a using
G.729 with a payload size of 20 ms and RoHC under
multipath fading
Rate (Mbps)
SNR (dB)
Capacity

6
7-9
45

12
9-14
58

18
14-15
62

24
15-20
66

36
20-23
68

48
23-24
71

54
>24
71
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Figure 7: Capacity for G.729 and G.711 for voice
payload sizes of 10ms and 20ms for varying SNR
values subject to the quality constraint of achieving
a MOS ≥ 3.0 with a probability ≥ 0.9, for frequency
selective multipath fading

3.5 Capacity values for different rates, codecs
and frame sizes at different SNRs
Using the rate adaptation scheme discussed above, we can
associate a data rate with each SNR under the specified
quality constraints. For a given codec and voice payload
size, a capacity value is associated with each data rate as
shown in Figure. 7. This allows us to associate a capacity value with each SNR. The capacity under the specified
quality constraints for G.711 and G.729 for voice payload
sizes of 10 ms and 20 ms using RoHC are plotted in Figure
7 for a range of SNR values. We observe that G.729 with
a voice payload size of 20 ms provides the highest capacity
followed by G.711 at 20 ms, G.729 at 10ms and G.711 at
10ms. The use of 20 ms voice payload sizes results in almost
a doubling of the capacity values at SNRs ≥ 25 dB. We also
observe that the capacity values for G.711 and G.729 are
close for a voice payload size of 10 ms with G.729 having a
slightly higher capacity. This gap widens significantly when
the voice payload size is increased to 20 ms.
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Figure 8: Capacity for G.729 and G.711 for voice
payload size of 10 ms with and without frequency
selective multipath fading subject to a speech quality constraint of achieving a MOS ≥ 3.0 with a probability of ≥ 0.9
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Figure 6: Probability of users experiencing a MOS
> 3.0 for G.729 coded speech with voice payload size
of 20 ms at different rates and SNRs
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The effect of the channel model can be evaluated by considering an AWGN channel for G.711 and G.729 with RoHC
and a voice payload size of 10 ms. From an analysis of the
CCDF curves for different SNRs for each rate of 802.11a (not
shown), we find that the variance in AWGN-only for the
intermediate SNRs for each rate is relatively small as compared to multipath fading. Similar to the approach used
for multipath fading, we devise a rate adaptation scheme
based on achieving the maximum capacity given the quality constraints. This gives us a set of operating rates for
different SNRs and corresponding capacity values. These
quality-constrained capacity values are plotted in Figure 8
for a range of SNRs in an AWGN channel for speech coded
using G.711 and G.729 using a packet size of 10 ms.
It is observed from Figure 8, that for an AWGN channel
with an SNR of ≤ 20 dB, higher values of the capacity are
obtained in comparison with multipath fading. At SNRs
below 10 dB, while no users can be supported in the case
of multipath fading, under conditions of no fading as many
as 16 users with G.711 and 24 users with G.729 can be supported at an SNR of 0 dB. Thus, the type of channel model
has a significant effect on the capacity values obtained at
these SNRs. At SNR values ≥ 25 dB, the reliability of the
channel is high and hence the capacity values for AWGN
with and without multipath fading converge.

4.2

Performance comparison under stricter
quality constraints

We previously chose our constraints as MOS ≥ 3.0 with
a probability of ≥ 0.9. We now consider the effect of tightening the MOS constraints on the capacity. A tighter MOS
constraint of achieving a MOS ≥ 3.5 is chosen, with a probability of 0.98 or greater of achieving this MOS. Under these

tightening the quality constraints results in a reduced capacity up to an SNR of 25 dB, suggesting a tradeoff between
providing better quality with higher guarantee to the user,
and increasing the capacity associated with an access point.
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Figure 9: Capacity for G.729 and G.711 coded
speech with voice payload size of 20 ms over frequency selective multipath fading channels subject
to different speech quality constraints

new constraints, we obtain a different set of operating rates
associated with the SNR values for each codec and voice
payload size under multipath fading. The capacities for different SNRs under this new constraint are plotted alongside
those for the original constraint in Figure 9. The difference
in the calls supported is significant at an SNR of 10 dB
with as many as 13 fewer users supported under the tighter
quality constraints for G.729 coded speech with 20 ms voice
payload size. With increasing SNR, the advantage of relatively looser quality constraints in achieving a higher capacity starts decreasing and at an SNR of 25 dB, the capacity
values converge. Thus tightening the MOS constraints results in a reduction of capacity. However, each of the users
supported under tighter quality constraints can expect a significantly better quality with a much higher probability.
We also observe that the capacity advantage obtained by
the use of G.729 as compared to G.711 and the use of a
voice payload size of 20 ms compared to 10 ms holds even
under the tighter constraints of achieving a MOS ≥ 3.5 with
a probability ≥ 0.98. It is important to note here that if
the MOS constraints are tightened further to be ≥ 4.0, then
G.711 is left as the only option since the constraint is greater
than the PESQ-MOS of 3.8 of the G.729 coded speech files
in the absence of packet losses.

5. CONCLUSIONS
Using a quality indicator that specifies the probability of
achieving a chosen MOS value, we propose a PHY layer
rate adaptation scheme that involves choosing a transmission rate that maximizes capacity while meeting the quality
constraints. These quality-constrained capacity values for
different SNRs are then used to compare different codecs
and different voice payload sizes. We show that G.729 offers
an advantage over G.711 in terms of the obtainable capacity
under a quality constraint of obtaining a MOS ≥ 3.0 with a
probability ≥ 0.9. Under the same speech quality constraint,
the use of a voice payload size of 20 ms is seen to support
a higher capacity as compared to a voice payload size of 10
ms. We also show that the capacity values depend on the
channel model considered up to an SNR of 25 dB. Further
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