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Abstract—Audio communications in IP based networks
have been revolutionized by the introduction of VoIP
applications. High cost-efficiency has made VoIP to be
the communication means in today’s world; and this
trend is anticipated to be continued on an ongoing basis.
The performance of VoIP significantly depends on the
efficiency of the audio codecs used in any
communication scenario which make the study on the
performance issues of audio codecs in VoIP applications
worth investigating. IPv6 is the new version of IP, which
will gradually replace the current IPv4 as the transition
from IPv4 to IPv6 is already in place. This demands the
scrutiny of the audio codecs being used in IPv4 to be
tested for their compatibility in IPv6 in terms of desired
performance. This paper presents the study on the
performance of selected audio codecs that are widely
used in VoIPv4. G.711, G.729A and G.723.1 codecs were
chosen for the study in VoIPv6 based scenarios presented
in this paper. The selected audio codecs were applied in
IPv6 based voice communication network scenarios to
determine their performance efficiency by observing
various QoS parameters. The study was done by means of
simulation using OPNET.
Index Terms—Audio codec, G.711, G.729A, G.723.1,
IPv6, QoS, VoIP, VoIPv6.
I. INTRODUCTION
The evolution of the Internet and associated
technologies has imposed significant implications on a
number of sectors and aspects in different social and
business settings. Acceleration and facilitation of
multimedia communications is among the most
prioritized one of these. By definition, the evolution of
VoIP (Voice over IP) applications is based on IP (Internet
Protocol) where advancement in such technologies would
have greater impact in IP based communications and its
related applications [1, 2, 3]. VoIP has been proved to be
the means of today’s as well as tomorrow’s voice
communication means due to its cost efficiency and
gradually increasing performance efficiency [4]. As the
context of such voice communications directly relates to
and depends on the IP based communication networks,
the aspects of IP and its associated trends and
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characteristics are anticipated to be having implications
on the performance of VoIP applications [5]. The
realization of address scarcity of IPv4 (IP version 4) has
led the researchers to introduce IPv6 (IP version 6),
which is replacing IPv4 gradually. The deployment of
IPv6 has already been started which has resulted in the
transition from IPv4 to IPv6. The transitional period and
associated initiatives for IPv4 to IPv6 transition have
incorporated one burning issue in terms of existing
resource utilization. The IPv6 compatibility of any given
resource tested under IPv4 scenario is a concern, as the
IPv6 incompatibility of any resource that is compatible in
IPv4 networks would essentially lead to the development
of IPv6 compatible resource of concerned type [6, 7, 8, 9].
Within the context of VoIP communications, audio
codecs play most crucial part in processing voice
elements – from analogue to digital and then from digital
to analogue again [10, 11]. Though the performance of
audio codecs is not the only driving and determining
factor for the performance of any VoIP scenario, it can be
well admitted that the performance of the audio codecs
and their related features dominantly govern the degree of
performance of any VoIP application. Thus, the
performance of audio codecs is one of the most important
aspects to consider while dealing with VoIP
communication and its deployment. As mentioned earlier,
the existing resources that works well on IPv4 needs to be
tested in IPv6 environment to determine their
compatibility and suitability in IPv6 based network
scenario as the future of IP based communication will
pre-dominantly be IPv6 based [12]. The study of existing
resources – which is audio codecs in the specific context
of this study – would essentially help to determine
whether the existing audio codecs fit well in VoIPv6
scenarios, or development of new codec is a must in
terms of compatibility and performance to cope with the
transition from IPv4 to IPv6. The study on the
performance of the existing audio codecs will establish
the foundation for the readiness for tomorrow’s IPv6
based networking scenario and will partly contribute in
formulating the strategy within IPv4 to IPv6 transition.
This paper presents the study on the performance of
VoIPv6 under different audio codecs. Related research in
this specific topic has been explored by means of
secondary research. With establishing the state-of-the-art
of related research, the experiments were done by means
of simulation. OPNET was used as the simulation tool to
deploy the VoIPv6 networking scenarios. Different
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networking scenarios were configured with different
audio codecs to be experimented; and major performance
indicator parameters were determined to be observed to
collect the performance statistics. Based on the
simulation results and the performance trend analysis of
the different audio codecs used in the experiment, it was
subsequently possible to analyze and decide on a level of
performance for different audio codecs in the specific
VoIPv6 network scenario used in the experiment. The
provision of further research in relation to the presented
study has also been addressed.
The organization of the contents of this paper is done
under six sections. The first section or the introduction
presents the background information on the research
domain. ‘Related Works’ section is the literature review
to present the state-of-the-art on the research topic.
Section three is named as ‘simulation’ where the
simulation environment setup is discussed. This section
outlines the configuration scenario and well as various
parameter and other technical details of the audio codecs
used in the study. The obtained results on the selected
parameters are discussed in the ‘results’ section. In the
following section ‘analysis of the results’, the
interpretation on the obtained results in line with research
interest has been addressed. The last section presents the
concluding remarks on the research conducted, and the
scope of further development of the research study
presented in this paper.

II. RELATED WORKS
The introduction of IPv6 has already ensured that the
future trends in IP-addressing within networking and
communications context will be based on IPv6 [12]. The
improvement of audio and video based communication
technologies will be required to have improvement with
the introduction of IPv6 [9]. The scarcity of address
allocation capability of IPv4 has brought forward the
requirement to think alternatives, where the introduction
of IPv6 is the consequence of such limitation of IPv4.
The already started transition from IPv4 to IPv6 for the IP
based networks and related communication scenarios has
already made it a reality that a total transition to have a
global IPv6 based network is to be achieved in course of
time, and in an inevitable manner. One of the important
aspects between IPv4 and IPv6 is their mutual
incompatibility [6, 7]. As a result, the transition would
also include the associated applications within the context
of concern. VoIP is a prime application in this context.
The heterogeneous nature of future networks would also
bring VoIP under the spotlight to scrutinize its
performance in IP networks as well as other types of
hybrid networks [1]. When VoIP is considered, its
underlying performance factors and the driving influence
of the codecs and their implications must also be taken
into account – finding a suitable audio codec for any
given VoIP scenario is thus important [13]. The QoS
related performance level might greatly be influenced by
and dependent on the audio codec used for VoIP
communication; though the total performance and quality
Copyright © 2014 MECS
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experience might not solely depend on the audio codecs
used. A number of different factors, networking elements
and configuration of any given scenario would have to be
taken into account in respect to the performance
determination of any IP based communication network.
Audio codecs are very important in VoIP based on the
fact that the QoS aspects of the used codecs impact the
quality of IP based audio communications [5, 9, 10]. As a
result, the quality of performance in VoIP is dependent
on the efficiency of the audio codecs [10]. The efficiency
of the audio codecs is defined by its QoS (Quality of
Service) parameters. QoS parameters are the indicators
for any given audio codec to be judged on its degree of
efficiency. For this reason, the observation and study on
the QoS parameters could be a potential indicating point
on the level of performance for an audio codec [10, 14,
15, 16]. QoS related requirements and subsequent
performance is the most prioritized one for VoIP
applications [17]. The specific scenarios of IP based
communications have a number of parameters that
collectively defines the context of QoS – MOS (Mean
Opinion Score), jitter, end-to-end delay and packet delay
variation are important parameters that fall within this
category [16, 18, 19]. MOS is an indicator to assess the
quality of voice calls; jitter is also used to indicate the
level of quality [1]. MOS is considered to be the standard
metric for determining the efficiency of audio codecs in
VoIP where a scale of 0 to 5 is used; 0 being the worst
and 5 the best quality of voice processed by the
respective codec [19]. MOS, jitter and various delays are
the major parameters in terms of VoIP QoS that are
widely used as performance and efficiency indicators;
though the total performance of a VoIP network would
depend on other factors, for example, network capacity
and traffic load [9, 10, 11]. Jitter and various delays can
potentially be used to point to the efficiency of audio
quality. Besides, MOS is very important value to
determine in this regard [15]. The overall quality of
service for any VoIP application depends on parameters
like MOS, Jitter and delay along with other configuration
based parameters [16]. G.711, G.729A and G.723.1are
some of most widely used audio codecs in VoIP [20]. In
wireless scenarios, some researchers found G.711 to be
best in terms of MOS and G.729 to have least delay [21]
– a crucial observation to denote the fact that the level of
performance for different audio codecs might depend not
only on the efficiency of the audio codec of interest itself,
but also on other factors and elements for any given
network scenario in terms of networking elements as well
as the soft configurations. Signalling protocols used in IP
based voice communications are of noteworthy
importance. One widely used signalling protocol is SIP
(Session Initiation Protocol). Due to the requirement of
SIP protocol, the performance of G.729A for real time
applications like VoIP has not been up to the mark [22].
This leaves the room for different signalling protocols to
be coupled with different audio codecs to determine
performance level of audio codecs in VoIP
communications settings. For the specified audio codecs,
the performance degradation in the form of decreasing
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MOS value and gradually increasing rate of data loss
might be experienced if the load on any given network is
gradually increased – G.711 has been found to be best
codec in terms of MOS value where it has a MOS value
of 4.195 [17]. Some study argue that low bit rate codecs
like G.729A and G.723.1 performs better compared to
other higher bit rate codecs [10]. OPNET simulation tool
is a popular one in research and academia with high level
of preference compared to other simulation tools used.
Feature richness of OPNET is one of the influential
factors that have made this simulation tool to be the most
popular one for research in relevant fields. The unique
features of OPNET are in its richness in terms of
configuration capability, network protocols as well as its
GUI interface. The results obtained by OPNET
simulation is considered to reliable and very close to the
real life results [18]. The use of OPNET simulation tool
for network performance studies has been carried out by
numerous research studies [5, 11, 12, 14, 16, 18, 21]
which essentially establish the credibility of OPNET to
be used as the simulation tool.

III. SIMULATION
The setup and configuration of the networking scenario
was done by means of simulation. OPNET was chosen as
the simulation tool. OPNET simulation tool was chosen
for its global recognition in terms of reliability and
consistency in producing results very close to real life
scenario – the credible aspects of OPNET to consider it
as the best simulation tool has already been discussed.
The initial step was involved in developing and deploying
a suitable network topology in the simulation
environment. Proper parameters for the network topology
(e. g. audio codecs and their associated parameters,
signalling protocol, queuing mechanism) were
determined to configure the network scenario. The
statistics to be collected for performance analysis was a
crucial part to determine due to the fact that the analysis
of this study was dependent on the analysis on the
collected statistics. The collection of the performance
statistics from network simulation subsequently helped to
analyze the performance of the selected audio codecs;
which in turn assisted to reach a decision relevant to the
study. Once the simulation had been carried out and data
samples were collected on the chosen parameters, the
statistical analysis helped to determine the value of the
parameters; the values then compared to the standard
benchmarking values to decide the level of performance
of any given audio codec with respect to a specific
parameter.

Fig 1. Network Topology

The topology was consisted of two networks connected
through IP cloud by means of routers. Two IP phones
were used as the callers in one network and another two
IP phones were used as called in the other part. SIP was
used as the signalling protocol which required the
network architecture to have SIP proxy server. HTTP
(Hyper Text Transfer Protocol) servers and clients were
used to generate background traffic to behave the
network like a real life one where heavy HTTP traffic
load were configured. This had resulted in creating two
applications for the operational network to generate
traffic – voice application and HTTP application. The
whole network was configured with IPv6 as this was the
preliminary criteria to achieve the objectives set for the
conducted study. As part of QoS parameter, protocol
based CBWFQ (Class Based Weighted Fair Queuing)
was chosen and implemented on a global basis - that is,
applicable to the whole network scenario. The routers
were connected to the IP cloud by PPP DS link which has
1.544 Mbps capacity; the switches were connected to the
routers by 100BaseT Ethernet cables that are of 100Mbps
capacity, and the 10baseT of 10Mbps capacity Ethernet
link was used in the LANs that were under each switch.
All links used in the network scenario were full duplex.
Three audio codecs named G.711, G.729A and G.723.1
were chosen for the study. The configuration for the
codecs used in the deployed VoIPv6 scenario is
summarized in table-1.
Table 1. Configuration parameter for audio codecs

Codec
Name

Type

Coding
Rate

Frame
Size

A. Topology and configuration
The deployed topology for the simulation environment
is shown in Fig. 1. The network topology shows the
networking elements
used
along
with
their
interconnections. The application, profile and QoS profile
implementation were required to done as part of the
scenario wide standard policy implementation in OPNET.
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Look
ahead
Size

G.711

PCM

64 Kbps

10msec

0 msec

G.729A

CSACELP

8 Kbps

10msec

5 msec

G.723.1

ACELP

6.3Kbps

30 msec

7.5 msec
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B. Scenarios and statistics
The chosen three audio codecs were studied in a
VoIPv6 network scenario using SIP signalling protocol.
This led to the requirement of creating three different
network scenarios. The first network scenario was the
deployment of G.711 over SIP in a VoIPv6 environment,
the second scenario involved in using G.729A audio
codec over SIP in a VoIPv6 environment; and G.723.1
audio codec over SIP in a VoIPv6 environment was used
in scenario three. Deciding on the QoS statistics to be
collected on the parameters from the simulation was done
to meet the requirement that would help to indicate the
performance aspects of the audio codecs. The statistics
that were collected from the simulation were MOS, Jitter,
End-to-End packet delay and packet delay variation. The
analysis of the aforementioned parameters would
potentially indicate the degree of performance of the
audio codecs over IPv6 based voice communication.

53

The MOS value for the codecs collected from
simulation is shown in Fig. 2. The observation showed
that G.711 had lowest MOS value which was close to 3.7.
G.723.1 and G.729A had higher MOS value which was
close to 3.8.
B. Jitter
The observation on jitter for the audio codecs is
illustrated in Fig. 3. The collected statistics as depicted in
Fig. 3 shows that G.711 was least affected by jitter where
the other two had higher impact of jitter than that of
G.711, which was also associated with random jitter at
the beginning of network transmission.

IV. RESULTS
The simulation was run for three different scenarios to
collect QoS related statistics as discussed earlier – each
scenario based statistics were for the audio codec used to
configure the respective scenario. The collected statistics
are presented in the following discussion in a compare &
contrast fashion to facilitate the understanding of the
implications of a single factor or parameter on different
codecs.
A. MOS

Fig 3. Jitter

C. End-to-End delay
Fig. 4 portrays the End-to-End delay of the audio
codecs. The result indicated a higher packet end-to-end
delay for G.711 which was around 0.061 sec. The delay
for both G.723.1 and G.729A was around 0.049 sec.
D. Packet delay variation

Fig 2. MOS Value
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The results on packet delay variation for the audio
codecs were as illustrated in Fig. 5. The packet delay
variation was found to be lowest for G.711.

I.J. Computer Network and Information Security, 2014, 5, 50-56

54

Audio Codecs in VoIPv6: A Performance Analysis

V. DISCUSSION OF RESULTS
The findings obtained from the simulation results are
summarized in table 2 which is a comparative
presentation for the three audio codecs.
The variation in performance for the audio codecs had
varying level of efficiency on single parameter. Taking
MOS value into consideration, G.711 had the lowest
MOS value indicating possible exclusion of this codec to
be used in VoIPv6 environment if compared to G.729A
and G.723.1. On the other hand, G.711 had better
performance in terms of jitter – G.711 had lower jitter
with no exhibition of experiencing random jitter, while
the other two codecs had comparatively higher jitter
associated with random jitter. Though packet delay
variation was lower for G.711 codec, it had higher endto-end delay which is a crucial considering factor for
deciding upon performance. The results from the study
showed that the existing audio codecs were capable of
performing fairly well in VoIPv6 scenarios, though
further technical improvement for the codecs would be
required. The codecs have their compatibility with IPv6
scenarios. If MOS and end-to-end delay are taken to be
the most prioritized QoS factors to influence the decision
on the most suited codec for VoIPv6 among the selected
codecs, G.729A and G.723.1 could be chosen over G.711
based on the obtained results.
Table 2. Summary of Results

Fig 4. End-to-End Delay

MOS
Jitter

Fig 5. Packet Delay Variation
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G.711

G.729A

G.723.1

3.7

3.8

3.8

Lower

Higher

no random
jitter

random
jitter

random
jitter

Higher

End-toEnd delay
(sec)

0.061

0.049

0.049

Packet
delay
variation

Lower

Higher

Higher

If the issue of choosing the best audio codec for
VoIPv6 is considered, the obtained results and their
comparison do not contribute much to help in reaching
this decision. As depicted in table 2, the selected audio
codecs have different level of performance where one
codec is better in terms of any specific parameter while
another codec is better in terms of another. Though G.711
can be taken to be the best suited one among the three
codecs selected, the question of choosing best codec is
still unresolved if the total context of VoIP and its
associated technologies are taken into account. The
highest suitability of G.711 audio codec is to be
considered only within the context of the study presented
with comparison to the rest two audio codecs.
I.J. Computer Network and Information Security, 2014, 5, 50-56
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VI. CONCLUSIONS AND FUTURE DEVELOPMENT

[2]

As evident from the results and their subsequent
analysis, the existing and most widely used audio codecs
have the potentiality to cope well with VoIPv6
environment. This leads to the realization that the existing
audio codecs would not have to be necessarily discarded
despite of possible requirement of technical improvement
to deploy them in IPv6 network scenarios. The study was
carried out by means of simulation. It implies that the
reliability of the obtained results was entirely dependent
on the efficiency of the simulation tools used. It is
possible to experience completely different result
compared to those of practical and real life scenarios if
poor and inefficient simulation tool is used. With this into
consideration, it can be anticipated that the obtained
results can be taken into account with fair level of
reliability for the fact that the used simulation tool
OPNET is already a leading simulation tool and being
extensively used in research and academia.
The results based on the presented study have
established the possible performance quality of VoIPv6
associated with the selected audio codecs. The
networking scenarios for any VoIP or simply IP based
network cannot be confined into a single set of elements
and configuration, as the real life networks include
number of technologies with different kinds of topologies
– heterogeneity and mesh are the general arrangements
that one can anticipate when considering the real life
public networks for VoIP deployment, regardless of its
being over IPv6 or any other IP version. The performance
of any audio codec in any given network scenario and
configuration might not be the optimum performance for
the respective audio codec – different configuration might
result in far better performance for the same audio codec.
A promising and newly introduced audio codec is the
Opus audio codec [23] that might demand further
exploration in VoIPv6 context – an aspect that can be
taken as part of the future development of the study
conducted. The contemporary trend is rapidly moving
towards wireless and mobile computing where the
significance of audio codecs for quality experience
remains as one of the most crucial factors [24, 25].
Besides, codecs have significant impact on any streaming
media [26]. Thus, the performance aspects of different
audio codecs are required to be experimented in different
wireless networking scenarios as part of extended
research on this study. While it is possible to make a long
list of various parameters like routing protocols, queuing
mechanisms, other audio codecs apart from those used in
this study, different signalling protocols and so on to be
used to deploy different networking scenario to test audio
codecs’ performance for VoIPv6; it is ample to state that
further study in the performance factors of VoIPv6 is
open to a limitless extent.
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