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Abstract
Voice over IP is a more and more popular way of communication,
because people can use it for long distances with very low cost.
The importance of mobile broadband is also increasing, since the
need for immediate information access is bigger than ever. We can
combine these fields, and use VoIP in mobile data networks, but
because of the QoS needs, we have to consider some problems
or limitations. In this paper we examined the connection between
delay, as one of the most important QoS parameter, and the used
VoIP codec, the payload size, and the mobile broadband technology
in HSDPA and HSPA+ data networks. We found strong connection
between these parameters in upload, but no relation in download
direction.

Mobile Broadband Mini-Card, used for HSPA+ connections. The
measurement topology is presented in fig. 1.
The synchronization between endpoints is essential to register
proper delay values. Delay values are usually in the magnitude
of tens of milliseconds in HSPA and HSPA+ networks. For this
reason a periodical synchronization (in every minute) between the
mobile node and the fixed client with NTP via dedicated network
interfaces and direct wired connection was suitable. This link is
not shown in fig. 1, because it is only necessary for background
operation, and is not used to transmit VoIP traffic. According
to our logs, the selected synchronization method kept the time
difference between the endpoints around 0.2–0.25 ms, but always
under 0.7 ms.
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I. Introduction
In a previous study [1] we found that VoIP payload size (frame
size) has affect on delay values, therefore on QoS values as well,
in HSDPA (High Speed Downlink Packet Access) mobile data
networks. We analyzed the connection between packet delays
in radio access networks and VoIP traffic, generated by G.711
and G.726 codecs with various payload sizes. We detected that
the frame size has significant influence over one-way upload
delay times in all available mobile data networks in Hungary.
This relation is different provider by provider, it depends on the
actual configuration of each mobile data network. With this paper
we aimed two different goals. At first, to prove that the former
results are not country or region, but technology specific. For this
reason we repeated our analysis outside of Hungary, using the
data network of KT Corporation in South Korea. At second, we
extended our research to another type of mobile data networks, to
see how specific our results are. To complete our second goal, we
performed the same examination using the Evolved High Speed
Packet Access (HSPA+) network of KT. In our future work we will
analyze other technologies as well, like LTE and IEEE 802.16e
to collect enough data to develop a new algorithm, aiming delay
optimization in live mobile data networks, by selecting the most
suitable payload size to reach the lowest delay with any VoIP
calls.
II. Testbed
A. Topology
To perform our new study, the same topology (we used in our
earlier research) has been used. To accomplish our measurement
scenarios the same mobile node with different interfaces (HSPA,
HSPA+), a fixed node, and an Asterisk server were used. The nodes
run openSUSE 13.1 (kernel version: 3.11.10-21-desktop) operating
system. As a PBX, Asterisk 12.7.0-1.1 was used, the endpoints
were Twinkle 1.4.2 clients. The mobile node was equipped with
a Dell Wireless 5520 Mobile Broadband 3G HSDPA WWAN
Card (also known as Expedite EU870D PCI Express Mini Card)
for HSPA delay analysis, and with a Dell Wireless 5560 HSPA+

18

International Journal of Computer Science And Technology

Fig. 1: Testbed Topology
The delay values between the mobile VoIP client and the Asterisk
server were measured in up- and download directions separately,
and all the delay results summarize air interface delay, backhaul
delay, core network delay, and Internet delay. Without the support
of the mobile broadband provider, it is impossible to separate
the first three values, and it must be clear, that we cannot even
determine the exact Internet delay between the provider’s core
network and the Asterisk server. However, this is not necessary,
because we are not aiming to measure the exact delay values in
the Radio Access Network (RAN), we are only interested in the
influence of different types of VoIP traffic on delay values in
mobile data networks. To minimize the effect of Internet delay,
the Asterisk server was wired into the high speed network of
Kyungpook National University (KNU).
B. Codecs
To study the VoIP traffic based delay behavior of mobile broadband
we have to use Constant bitrate (CBR) codecs. For the purpose of
comparability of earlier results, the classic G.711 and the G.726
codecs were selected also for this examination. Both codecs were
used with the payload size of 10, 20, 30, 40, and 50 ms.
G.711 is the most frequently used codec in international telephone
networks. The first version of the ITU G.711 Pulse Code Modulation
(PCM) of voice frequencies codec was released in 1972, and is
using eight binary digits per sample. The nominal value for the
sampling rate is 8000 samples per second, which results in 64 kbit/s
bit rate. There are two encoding laws in use, which are commonly
referred to as the A-law and the μ-law [2]. In this work G.711
μ-law codec was used, hereinafter referred to as G.711.
G.726 is an adaptive differential pulse code modulation (ADPCM)
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codec. It operates with 8000 samples per second and covers four
different (40, 32, 24, 16 kbit/s) transmission rates for voice
communication. However, in practice mostly the 32 kbit/s bitrate
version is used for generic VoIP. The other modes are implemented
for special areas, where the principal application of 24 and 16
kbit/s modes is carrying voice in Digital Circuit Multiplication
Equipment (DCME) for overloaded channels, and the 40 kbit/s
mode used only at the analogue endpoint of a digital line [3]. For
these reasons the 32k version of the G.726 codec has been selected
and used for this work, which hereinafter referred to as G.726
III. Results
A. External Factors
In live networks we have to consider the effect of external factors
we do not know or control as an outsider. In a mobile broadband,
the actual load may have influence on overall system performance.
Because we cannot gather this kind of parameters from a productive
commercial network, we can only try to minimize their effect. For
this reason, we made our test calls on different days (weekdays,
weekends) and in different parts of the day (at early dawn, evening,
working hours). Fig. 8, which we will explain in detail later, proves
that load and other external circumstances had only minimal effect
on our upload delay analysis.
B. Result Sets
The average results of three calls were collected into result sets
(RS). With using each codecs in both types of mobile data networks,
we assembled twelve result sets overall. Each result set contains
the outcome of 3-3 calls with each payload sizes (10, 20, 30, 40,
and 50 ms.), totally 15 calls. The first call in a result set always
performed with 10 ms frames, the second one with 20 ms frames,
etc. After the fifth and tenth calls we started the cycle again with
10 ms. In figs. 2–7, each line of the diagrams represents a result
set with 15 calls, and each data point shows the average packet
delay values of 3 VoIP calls. Conform to our previous results,
the calls were 132 seconds long, which means nominally 13200,
6600, 4400, 3300 and 2640 packets in each direction in case of
10, 20, 30, 40 and 50 ms payload size.
C. Previous Results
In our former study, HSDPA delay analysis in live networks using
VoIP traffic from end user perspective [1], we found that the payload
size affects the one way delay in Hungarian HSDPA networks.
Figs. 2 and 3 represent the upload delay values depending on the
payload size, recorded in 2012, using the same provider’s (P1)
network in Hungary.

Fig. 3: Delay Results – G.711 HSDPA HUN P1 [1]
The influence of the payload size on the one way delay is clearly
visible in figs. 2 and 3. In case of the selected network, the
difference between the shortest and longest average delays could
be up to 40 ms. It is also visible, that different codecs with the
same frame size show totally different characteristic in the same
network, as well as the same codecs in different networks. For
this reason it is important to analyze this behavior in as many
different networks as possible, and with these result, to create a
network independent algorithm to always select the payload size
with the lowest delay.
D. HSDPA
The main goal of this test was to compare our previous results to
the characteristic of a different network in a different environment,
two years later. The recorded values are similar to our earlier
results when we used the G.726 codec (Fig. 4), and different in
some ways, in case of the G.711 codec (Fig. 5).
Using the G.726 codec we recorded the one way delay times in
almost the same domain. The examined Korean data network
transmitted the packets a little bit faster in the upload direction,
but this is not relevant in this examination, because our goal is
not to perform proper measurements about the delay values of
different networks, but we are looking for the common behavior
of several types of VoIP dataflow, using the service of different
mobile broadband providers. The strong connection between the
payload size and one way delay is clearly observable in fig. 4.

Fig. 4: Delay Results – G.726 HSDPA KOR P1

Fig. 2: Delay Results – G.726 HSDPA HUN P1 [1]
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The difference between the highest and lowest average values is
over 40 ms, like we experienced it during our Hungarian tests as
well. There is a big difference between smaller payload sizes (10
and 20 ms) and the flow with larger frames (30, 40, 50 ms), but
there is no relevant difference within these two groups, which
was not usual in our earlier tests.
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The delay values of the G.711 VoIP flows steadily grew with
the use of increased frame sizes. This behavior was not typical
in our other study, and together with our earlier results it clearly
shows that the shaping of the delay values are not only based on
the codec type and the payload size, but on the used mobile data
network as well. It is also interesting, that we find the average
upload delay values in a much narrower band. The difference
between the highest and lowest values is only 12 ms.

Fig. 7: Delay results – G.711 HSPA+ KOR P1
However G.711 did not result in big differences in upload delay
times using different frame sizes, our results (with G.726) prove
that the upload direction of HSPA+ networks could be also
significantly delay sensitive in case of different payload sizes.

Fig. 5: Delay results – G.711 HSDPA KOR P1
Compared to our earlier results, the newly recorded values are
slightly different, but the delay dependence on the payload size
and the used mobile data network is present in the same way.
E. HSPA+
Using the G.726 codec with Evolved High Speed Packet Access
technology with the same provider (Fig. 6), the delay times are
forming a similar shape to HSDPA delay times.

F. Upload Summary
As you can see in fig. 8, the one way delay in the examined
networks was much more sensitive to the used codec, than to the
type of the mobile data network (HSDPA or HSPA+). With the
G.726 codec we recorded big differences in delay times of VoIP
traffic with small (10 ms and 20 ms) and larger (30 ms, 40 ms, 50
ms) payload sizes both in the used HSDPA and HSPA+ networks.
The G.711 flow resulted in lower differences, which were almost
negligible in case of our HSPA+ calls. It is also well observable,
that the external parameters (like network load) caused clearly
visible deviation from the average values only when we used
the combination of G.726 codec and larger payload sizes, but
the difference between the lowest and highest values was never
more than 10 ms. In fig. 8 we can also notice three outstanding
data points: G.726 HSDPA / RS2 / 30 ms, G.726 HSPA+ / RS1
/ 40 ms, and G.726 HSPA+ / RS2 / 10 ms. These ones might be
the result of some short time peak load in the network, or any
temporary change in the radio network state, as a reaction to the
environmental changes.

Fig. 6: Delay results – G.726 HSPA+ KOR P1
The one way upload delay values are a little bit lower, but the
difference between the minimum and maximum values of average
delay times of three calls almost reaches the same 40 ms, we
experienced earlier in HSDPA networks.
The use of the G.711 codec with various payload sizes resulted in
unusually low differences in delay times. In this mobile broadband
we experienced the biggest difference between transmitting 30
and 40 ms long frames, but this maximum value is only around 3
ms, and has negligible effect on the quality of a VoIP call. Though
the differences are really small, compared to the other scenarios,
and the precision of our synchronization technique is only better
with one order of magnitude, the payload size’s influence on the
one way delay in mobile data networks is still clearly visible in
fig. 7.
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Fig. 8: One Way Upload Delays KOR P1
G. Download Summary
The one way download values were between 30 and 45 ms in
case of any codec, independently form the used mobile broadband
technology. We found no relevant connection between one way
delay times in download direction and the codec type or payload
size. However download direction looks a bit more sensitive to the
network load in case of G.711 as well, as you can see in fig. 9.
w w w. i j c s t. c o m
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Fig. 9: One Way Download Delays KOR P1
IV. Conclusion
The two years later extension of our investigation, using another
HSDPA network in a different country, confirmed our original
results, which was based on the commercial services of Hungarian
providers. We found strong connection between the features of the
VoIP flow and the one way delay times in upload direction, but no
relation in download direction. We experienced the same behavior
in case of the used Evolved High Speed Packet Access (HSPA+)
network as well. It is interesting, that the G.711 traffic with 64
kbit/s data flow resulted in lower differences between the different
payload sizes considering delay times in each network, than the
G.726 traffic with only 32 kbit/s data flow. In case of G.726, the
delay values were separated into two significant groups. With
10 and 20 ms frames the delay was lower in case of HSDPA and
HSPA+ as well, and 30, 40 and 50 ms frames in the VoIP traffic
resulted in much higher upload delay values.
V. Acknowledgment
This research was supported by the “SROP-4.2.2.C-11/1/
KONV-2012-0005” (Well-being in the Information Society)
Scholarship.

IJCST Vol. 6, Issue 1 Spl- 1 Jan-March 2015

Viktor Rébay received his B.S.
degree in Information Technology
Engineering and Teacher of Informatics
from University of Pécs, Hungary, in
2001, the M.S. degree in Education
in Informatics from University of
Pannonia, Veszprém, Hungary, in
2008, and the Ph.D. absolutorium from
Óbuda University, Budapest, Hungary,
in 2013. He is an IT network engineer
and assistant lecturer at Department of
Informatics, Institute of Mathematics
and Informatics, University of Pécs,
from 2001. His research interests include wireless networks and
VoIP. At present, he is engaged in improving QoS in mobile data
networks.
Sándor Jenei received his M.Sc. degree
in mathematics in 1993, and his Ph.D.
degree in algebraic investigations
of non-classical logics in 1999 from
Eötvös Loránd University, Budapest,
Hungary. He become a lecturer in
1994, an associate professor in 1999,
an associate professor in 2006, and
a professor in 2013, with Institute
of Mathematics and Informatics,
University of Pécs, Pécs, Hungary. His
main interest lies in the field of nonclassical logics and their applications in AI.

References
[1] Rébay, V.,"HSDPA delay analysis in live networks using VoIP
traffic from end user perspective", In Applied Computational
Intelligence and Informatics (SACI), 2012 7th IEEE
International Symposium on. pp. 377-382, 2012.
[2] ITU-T,“Pulse code modulation (PCM) of voice frequencies”,
International Telecommunication Union, Geneva,
Recommendation G.711, Nov. 1988. [Online] Available:
http://www.itu.int/rec/dologin_pub.asp?lang=e&id=T-RECG.711-198811-I!!PDF-E&type=items
[3] ITU-T,“40, 32, 24, 16 kbit/s adaptive differential pulse code
modulation (ADPCM)”, International Telecommunication
Union, Geneva, Recommendation G.726, Nov. 1994.
[Online] Available: http://www.itu.int/rec/dologin_pub.
asp?lang=e&id=T-REC-G.726-199411-I!AnnA!PDFE&type=items

w w w. i j c s t. c o m

International Journal of Computer Science And Technology

21

