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Voice over Internet Protocol (VolP) has evolved over the vyears,
being a real-time service. VoIP has been coupled to different technologies,
one of them is WiFi, which is one of the most used for wireless local area
networks in domestic and commercial environments. In this paper,
we evaluate the performance of wireless scenarios by considering VolP
traffic, based on WiFi technology in conformance with IEEE 802.11b/g
in interfered outdoor scenarios, by considering an intrusive injection traffic
technique, for codecs G711(1 sample), G711(2 samples), G723,
G729(2 samples), and G729(3 samples), related to the main metrics
associated to Quality of Service (QoS) parameters. Our results show the best
performance was obtained with the codecs G723 and G729(3 samples),
obtaining up to 30 simultaneous voice connections with optimal values
of delay, jitter and packet loss according to the recommendations given for
VolP by ITU-T, while the worst performance was obtained with the codec
G711(2 samples), obtaining only 5 simultaneous voice connections,
reaching an efficiency loss of around 18% in a co-channel
interference scenario.
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1. INTRODUCTION

Technology has evolved in such way that messages, telephone calls, and video-conferences have
become part of our daily lives [1]. In addition, the establishment of the Internet has allowed to Voice over
Internet Protocol (VoIP) calls to grow remarkably, indeed according to Zion Research group, VolIP service
has reached a total of 83 billion dollars in 2015, and it is estimated that by 2021 this service will reach
a profit of 140 billion dollars, with a growth rate of 9.1% [2]. VoIP is a viable alternative to the Public
Switched Telephone Network (PSTN) due to its high utilization resources and low cost, achieving savings
of up to 95% [3]. Initially, VoIP was used by wired connections, and now WiFi technology has allowed
the use of VoIP over wireless connections, this evolution is known as Voice over WiFi (VoWiFi),
which carries voice traffic in a basic area service, where the main disadvantage is related to some metrics
associated to Quality of Service (QoS) as Throughput (1), and Packet loss (PL), which could not guarantee
real time transmissions in presence of interference.
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Previous research projects have covered the behaviour of WiFi technology [4-5], in conformance
with the IEEE 802.11b/g standards by using analytical analysis [6], in which the parameters of the Medium
Access Control (MAC) protocol are modified in order to obtain the voice capacity in an infrastructure
network, and the maximum number of voice connections, reaching 19 voice connections with a satisfactory
quality perceived by the user, meanwhile in [7] a simulation was performed to improve the quality of VoIP
using signaling protocols, and codec schemes. Additionaly, in [8] was proposed an adaptive scheduling
method for emissions based on network statistics, PL rate and packet availability.
Otherwise, the performance evaluation of WiFi technology in anindoor environmentwas presented in [9-11],
a handover analysis was performed in [12] with conventional Extended Service Set (ESS) infrastructure with
VolIP services and QoS assurance, and some methods to improve the quality of VoIP over a WLAN mesh
were presented in [13], the capacity of switching mechanisms using failover mechanisms in a WAN
and the quality of VolP calls was studied in [14], also verifying the inherent limitations of the Distributed
Coordination Function (DCF) to calculate the maximum number of VolP clients a single Access Point (AP)
cansupport, in which support 12 simultaneous VVoIP calls considering G711 voice codec and 14 simultaneous
VolIP calls considering G729 voice codec over a wireless network [15]. In [16] was showed low VolP
capacity in a WLAN and the unacceptable performance in the presence of coexisting traffic, another way to
evaluate the behavior of the standard was by generating real calls by the software PBX-VolP Asterisk,
in [17] an outdoor environment was presented, and a total of simultaneous sessions were found that can be
performed by using G729 voice codec reaching 25 simultaneous sessions, while with G711 voice
codec 20 simultaneous sessions were obtained, also a traffic injection strategy was used in [18], by using
Distributed Internet Traffic Generator (D-ITG), in where a laboratory environment was analyzed, in such
environment was reached six clients connected wirelessly to an AP where the codec with the best stability
was the G723.

To the best of our knowledge, no principled studies have performed the network capacity in
a co-channel interfered outdoor scenarios, in such way the aim of this paper is to deployed an outdoor
wireless network to evaluate the performance of the scenarios in the presence of co-channel interference.
To accomplish this, we apply an intrusive injection traffic technique by considering the main metrics
associated to QoS as 1, delay (), Jitter, and PL, by considering VoIP tra ffic within three proposed scenarios.
In the first scenario, three APs were implemented, each one separated by 120 degrees, creating three Basic
Service Set (BSS) in the same frequency channel. The second scenario consisted of two APs placed in
the same direction each one creating BSS in the same frequencies. The third scenario consisted of three APs
positioned in the same direction, each of which creates a BSS on independent frequency channels.

2. RESEARCH METHOD

In this section we show theequipment and the applied methodology that was considered for
the accomplishment of the experiment.Figure 1 shows the equipment deployed for the proposed scenarios,
we used two and three AP working in the frequency band of 2.4 GHz in conformance with IEEE 802.11b/g
standards, these were connected via an Unshielded Twisted Pair (UTP) cable to a modem, that was
responsible for distributing the traffic generated by the APs.The laptops used to perform VolP traffic
injections have installed Linux operating system (Ubuntu 10.04), one of them with an Core i5 processor that
works at 2.60 GHz with 6GB RAM memory was connected to one of the APs described above via WiFi,
the other laptop with an Pentium CPU N3540 processor that works at 2.16 GHz with 4GB RAM memory
was connected to a different AP.

O§ ﬁ.
X J

Figure 1. Equipmentused for the different proposed scenarios
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2.1. Performance with D-ITG

In order to obtain the performance evaluation, we used an intrusive injection traffic technique by
considering D-ITG software, which has 5 different predefined voice codecs: G711 of 1 and 2 samples,
G723 and G729 of 2 and 3 samples as shown in Figure 2, also provides information of the main metrics
associated to QoS, each flow represented a VoIP call, for this reason, the multi-flow sending option was used
in the D-ITG software, which allows several flows to be carried out at the same time; for more inform ation
about D-ITG please referred to [19-20]. In this way, several simultaneous multi-flow processes were carried
out, starting with 5 multi-flow processes, then 10, 20, 30, 40, 50, until 60 multi-flow processes for each
of the codecs. It should be noticed that in order to achieve a certain statistical validity in the results of traffic
injections, 15 repetitions were performed for each multi-flow process as recommended in [21-22], so that
the error in the direct measurementsdecreasesatthe time of the performance analysis.
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Figure 2. Voice codecsand multi-flows in D-ITG

2.2.Scenarios

In order to carry out the study, three different scenarios were considered, the network was deployed
within Universidad de las Fuerzas Armadas—ESPEcampusin a telecommunicationstower located on the roof
of the Departamento de Eléctrica, Electronica y Telecomunicaciones building, that consists of two floors;
the APs were placed 5.5 meters from the base of the tower to perform traffic injections and to analyze their
behavior by considering the main metrics associated to QoS parameters provided by
the aforementioned software.

2.2.1. Scenario 1

The first scenario is shown in Figure 3, where three AP were implemented, each one separated by
120 degrees creating three independent BSS's, each one using the same frequency channel, for this scenario
there existed only interference from other networks presented in the outdoor environment,
since the beamwidth of the APs has only 18 degrees aperture, so that their radiation patterns do not overlap
each other, in addition, the two laptopswere connected to a different BSS to perform the traffic injections by
using all the voice codecs of the software, first in one direction and then in the other, after all the traffic
injections had been carried out, the data from the two directions were collected for analysis.

2.2.2. Scenario 2

The second scenario is showed in Figure 4, in the same way, two laptops were connected to
a different AP, which are placed in the same direction, where each one created a different BSS that worked in
the same frequency channel, for this scenario a co-channel interference was presented in addition to
the interfering networks that may be presented when working in an outdoorenvironment.
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Figure 3. Scenario 1

Figure 4. Scenario 2

2.2.3. Scenario 3

The third scenario is showed in Figure 5, for this scenario three APs were deployed which created
three different BSS in independent frequency channels (ch. 1, ch. 6, and ch. 11), in addition, there were two
laptops in the same way that in the previous scenarios, each one of them were connected to a different BSS,
traffic injections were first performed by two BSS and then by the remaining BSS, the data from the three
BSS were collected for analysis. For this scenario did not exist interference created by the APs since they
were in independent channels, but there may be noise that interferes with traffic injections and also
interference created by devices that may be presentin an outdoorscenario.

Figure 5. Scenario 3

The analysis of the traffic injections considering the main metrics associated to QoS was performed
taking into account the data provided by D-ITG: 8, n, Jitter and PL as shown in Figure 6, these data were
classified according to the scenario and voice codec used, the analysiswas performed in Matlab®.
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Figure 6. Data delivered by the software atthe end of the multi-flows

3. RESULTS AND DISCUSSION

The analysis of the results was carried out according to the figures shown below, where the amount
of simultaneous multi-flows made is called the number of voice connections, which are also shown in terms
of percentage PL and n, while 6 and Jitter are shown in milliseconds (ms). The three scenarios are described
above, which were taken into account and the analysis was also made for each voice codec in order to know
its behavior in each of the proposed scenario, bearing in mind the consideration of Qo S parameters for VolP
were PL<1%, 8<150 ms and Jitter<30 ms [23-25].

For the first scenario, Figure 7 shows that with 5 voice connections all codecs satisfied QoS
parameters, where the most efficient codec was G711(2 samples) with approximately n of 80%,
when reaching the 10 voice connections the codecs G711(1 sample) and G723 satisfied the QoS parameters
without any inconvenience, while the codecs G729(2 samples)and G729(3 samples) d of 120 ms and 138 ms
respectively, which approach the limit described in [23-25]; at 20 voice connections, only the codecs G723
and G729(3 samples) complied with the QoS parameters continuing with values close to the limit of 9,
this behavior was maintained until the 30 voice connections, meanwhile, from 40 to 60 voice connections,
none of the codecs complied with the QoS parameters.
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Figure 7. Results Scenario 1. (Blue line) Codec G711(1 sample), (Red line) Codec G711(2 samples),
(Yellow line) Codec G723, (Purple line) Codec G729(2 samples), (Green line) Codec G729(3 samples)

The results of the second scenario are shown in Figure 8, in the same way as in the first scenario,
with 5 voice connections, all codecs satisfied QoS parameters, where codec G711(2 sample) maintains
the best efficiency with around n of 80%, by increasing voice connections to 10, only codecs G723
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and G729(2 sample) satisfying QoS parameters, bearing in mind that codec G729(2 sample) had
approximately 6 of 130 ms; reaching 20 voice connections, none of the codecs could satisfy all the
parametersof QoS, the codec G729(3 samples) satisfied the parameters PL and Jitter but did not comply with
the parameter 6 as it had a value close to 200 ms, while the G723 codec satisfied the 6 and Jitter parameters
but did not comply with the PL parameter which had an approximate value of 3%, after 30 to 60 voice
connections, all codecs had PL values above the ideal value, so none of the codecs comply
with QoS parameters.
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Figure 8. Results Scenario 2. (Blue line) Codec G711(1 sample), (Red line) Codec G711(2 samples),
(Yellow line) Codec G723, (Purple line) Codec G729(2 samples), (Green line) Codec G729(3 samples)

Figure 9 shows the results of the third scenario, with 5 voice connections as in the previous
scenarios, all codecs comply with QoS parametersand in the same way, the G711 codec (2 samples) remains
the most efficient, with aroundn of 80%, when the 10 voice connections were reach, three codecs continue to
satisfied QoS parameters, these were the G711 codecs (1 sample), G723 and G729 (2 samples) where
the latter had a value of § close to the allowed range with a value of 145 ms, while with 20 voice connections
only the G723 codec satisfied the QoS parameters, from 30 to 60 voice connections, none of the codecs were
able to satisfy all the QoS parameters, the G723 codec satisfied the parameters of § and lJitter, but as in
previous scenarios, it did not satisfy the required percentage of PL with values greater than 1%.

Efficiency Average 40, ) Packet L_css Average_

8015 —de- G711(1samplsec) —de— G711({1samplsec)
70 —fe— G711({2samp/sec) 35| - G711(25amplsec)
G723 G723
sol —de- G729(2sampisec) 30T - G729(2sampisec) 1
e G729(3sampisec) 55|~ G729(3sampisec)
% =
S E ol
40 =
sl Qg5
20 10|
10 51
0 . . . . ol
5 10 20 30 40 50 60 5 10 20 30 40 50 60
Number of Voice Connections Number of Voice Connections
Delay Ave itter Aver
200 clay Average ) N 40+ ) Jitter Average .
—— G711{1samplsec) ——G711{1samplsec)
—e— G711(2samp/sec) 351 4 G711(2samplsec) 1
G723 G723
150 —de- G729(2sampisec) 30 - G729(2sampisec)

- GT29(3sampisec) 5|~ GT29(3sampisec)

E
=200
P
Q
E 15}
s

5 10 20 30 40 50 60 5 10 20 30 40 50 60
Number of Vnice Connectinns Number of Vinica Connactions

Figure 9. Results Scenario 3. (Blue line) Codec G711(1 sample), (Red line) Codec G711(2 samples),
(Yellow line) Codec G723, (Purple line) Codec G729(2 samples), (Green line) Codec G729(3 samples)
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The behavior in the different scenarios of the codec G711(1 sample) may be appreciated in
Figure 10, with values of § of 25 ms for the 5 voice connections for the first and second scenarios,
while the third scenario had a & of 100 ms, when reached the 10 voice connections the first scenario had
a 6 of 50 ms while the third scenario had a 6 of 110 ms approximately; the best performance was reach in
the first scenario, with lower values of 6 compared to the third scenario, which were the scenarios that
achieve 10 voice connectionsthat complied with all QoS parameters.
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Figure 10. Results Codec G711(1 sample). (Blue line) Scenario 1, (Red line) Scenario 2, (Yellow line)
Scenario 3

For the codec G711(2 samples) the behavior in the different scenarios is showed in Figure 11,
this codec only managed to reach up to 5 simultaneous voice connections within the QoS parameters,
in the three proposed scenarios it reached an efficiency of around n of 80%, where the best scenario was
the second scenario with around 6 of 25 ms followed closely by the third scenario with & of 35 ms,
while the first scenario had & of 55 ms approximately, as voice connections increase, the values of 6 and PL
increased rapidly, even surpassing 1000 ms and 50%.
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Figure 11. Results Codec G711(2 samples). (Blue line) Scenario 1, (Red line) Scenario 2,
(Yellow line) Scenario 3
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The G723 codec was the only one in each of the scenarios proposed in terms of & and Jitter was
within the QoS parameters for all voice connections, the only problem within this codec lies in
the percentages of PL, where the first scenario was the best performing reaching 30 voice connections with
a value of less than PL of 1%, in the third scenario reached 20 voice connections, while in the second
scenario barely reached 10 voice connections, this is shown in Figure 12.
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Figure 12. Results Codec G723. (Blue line) Scenario 1, (Red line) Scenario 2, (Yellow line) Scenario 3

Within the 3 proposed scenarios, codec G729(2 samples) had a similar behavior, reached only up to
10 voice connections, although with & values quite close to the allowed limit, the lowest value of & in 10
voice connections was in the first scenario with a value close to 110 ms, while the highest value was in
the third scenario with approximately 6 of 145 ms, Figure 13 shows the results of the different scenarios
for this codec.
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Figure 13. Results Codec G729(2 samples). (Blue line) Scenario 1, (Red line) Scenario 2,
(Yellow line) Scenario 3
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Finally, for codec G729(3 samples) the scenario where the best results were obtained was the first
scenario where up to 30 simultaneousvoice connectionsare reached, similar to the previous codecthe values
of § from 10 voice connections were high and maintain this constant untilreaching 30 voice connectionswith
arange between 120 ms and 141 ms, this behaviormay be seen in Figure 14.
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Figure 14. Results Codec G729(3 samples). (Blue line) Scenario 1, (Red line) Scenario 2,
(Yellow line) Scenario 3

4. CONCLUSION

Itwas determined that the codec with the best performance considering the main metrics associated
to QoS in the different test scenarios was the G723 codec, which achieved up to 30 simultaneous voice
connections in the first scenario, 10 simultaneous voice connections for the second scenario and 20
simultaneous voice connections for the third scenario, on the other hand the codec with the worst behavior
was the codec G711(2 samples), which achieved only 5 simultaneous voice connections in the three test
scenarios, as well as in [17] where reached 5 voice connections in Central sub-scenario, which had 10 meters
of distance between devices, working in the same frequency channel.

The scenario with the best performance considering the main metrics associated to QoS was the first
scenario, where most of codecs managed to make 10 simultaneous voice connections without exceeding
the parameters of QoS, it should be noted that in this scenario two codecs could reach up to 30 simultaneous
voice connections, these are codecs G723 and G729(3 samples), higher than those reached in [17],
where with the G729 codec reaching up to 25 voice connections in MED sub -scenario, which had 10 meters
of distance between devices working in the same frequency channel; while the worst performing scenario
was the second scenario with three codecs reaching only up to 5 simultaneous voice connections, these were
codecs G711(1 sample), G711(2 samples), and G729(3 samples), a voice connection above
for the G711 and G729 codecs in Enlace sub-scenario shown in [17], which had 128 meters of distance
between two locations.

Taking into account the QoS parameters for VolP that exist according to [23-25], it was possible to
determine which are the limits for making simultaneous voice connections for each scenario,
where the parametersthat presentabrupt changes between a certain numberof voice connectionsand another
were 6 and PL. As these values increased, the Jitter also increased, although in a smaller proportion,
while efficiency was also affected, being progressively less.Likewise, all interferences that are presented in
an outdoor environment must be taken into account, since they cannot be avoided and affect the moment
traffic intrusions are made in any of the scenarios, making the QoS values taken vary depending on
the amount of interference that exists at that moment, where this can be appreciated most in the second
scenario, when co-channel interference was presented in addition to interference found in
an externalenvironment.
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Evaluating the different scenarios proposed, between the third and first scenario the efficiency was
reduced by approximately 3.67%, while comparingthem with the second scenario which presents co-channel
interference, between the first and second scenario, the efficiency was reduced by approximately 18%,
and between the third and second scenario, the efficiency was reduced by approximately 18.3%, noting that
when using independent channels the efficiency was higher.Finally, as future work is proposed to evaluate
the performance of VolP outdoorswith standards IEEE 802.11a, IEEE 802.11nand IEEE802.11ac,working
on the frequency of 5 GHz, so that the existing interference outdoors is less because it has a greater number
of channels compared to the frequency of 2.4GHz with a high saturation in the channels, it would also be
interesting to evaluate the performance of VolP using WIMAX (Worldwide Interoperability for Microwave
Access) technology
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