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Abstract—Mobile broadband and Voice over IP communica-
tion improved considerably in the last years, but both technolo-
gies have been developed independently from each other. VoIP
has special Quality of Service needs, among them mostly delay,
jitter and packet loss could be critical in HSDPA networks.
In this survey an HSDPA delay and packet loss analysis has
been executed, based on VoIP traffic, using the live networks of
Hungarian providers, to find out, whether the HSDPA networks
are appropriate for VoIP communication or not. After 312 calls
and more than three million analysed packets we found that
HSDPA networks are not capable to provide interactive VoIP
calls in the necessary and expected voice quality, because of
the delay increasing for a short-time in upload direction quite
often. Besides the primary results, a strong connection has been
detected between the frame size and the one-way delay times in
the radio access network.

I. INTRODUCTION

Mobile broadband is more popular than ever, and the num-
ber of subscribers is still steadily increasing. These services
are playing more and more important role both in private
and business life day by day. With the evolution of the third
generation (3G) cellular technology the nominal speed and
the throughput performance have significantly increased, and
nowadays mobile networks are mostly comparable with fixed
network (like ADSL or IEEE 802.11g) connections. Only
the Radio Access Network (RAN) latency is far behind the
fixed networks with the same bandwidth. This is usually not
a problem for subscribers, because the most common fields
(Web access, E-mail, Content up/download, Instant messaging)
are not delay sensitive.

Besides the common fields, Voice over IP has different
needs. Third generation mobile broadbands look suitable for
supporting VoIP in the excepted quality, but there are no
detailed surveys about the efficiency of these networks when
transporting VoIP traffic. It must be borne in mind that
mobile providers these days are not making efforts to optimize
networks for high quality VoIP traffic, because the increased
popularity of IP based mobile calls leads to the declining ten-
dency of classical voice communication in mobile networks,
which seems more profitable nowadays. But it is important
to think in long term, because this tendency will probably
change, thanks to the upward trend of mobile broadband use,
and by reason of the easier management and maintenance of
an integrated network, from the provider side.

The main motivation of this survey was to evaluate the
practical HSDPA performance in different networks from the
view point of VoIP needs, and is limited to decide whether it
is suitable or not for IP based mobile telephony. It does not to
aim to improve HSDPA performance, but resulted in provable
connection between frame size and uplink delay values.

A. Quality of Service needs

The needs of a flow can be determined with the four
commonly used Quality of Service (QoS) parameters, which
are bandwidth, delay, jitter, and reliability. Because of different
application areas, the limited hardware resources of smart-
phones, and the difference in network parameters between
wired and cellular networks, in some cases the QoS parameters
might be different from mobile or desktop computers. [1]

As you can see in Table I VoIP needs are very dissim-
ilar to the other fields. In respect of VoIP, the bandwidth
need is not really significant, because 3G mobile networks
operate in megabit range, and most of the codecs do not
need more than 64 kbit/s both direction, which is usually
guaranteed by the provider in any conditions. Contrary to
most of the network services, VoIP not requires bit-error-free
transmission under all circumstances. Using VoIP, reliability
is not essential, the speech intelligibility is guaranteed even
in case of some damaged or lost packets. The maximum of
acceptable Packet Loss Ratio (PLR) depends on the used
codec, but to reach the expected quality, it must be under
1% as a general rule even if we are using high bit rate
codec, where the compression level is lower. Different codecs
have different robustness to packet loss, usually when using
codecs with higher compression efficiency, same packet loss
ratio will cause higher degradation in voice quality. For codec
(family) specific information about the packet-loss robustness
factor (Bpl) see ITU G.113 Recommendation (Transmission
impairments due to speech processing) [2], where Appendix
I. refers to regularly updated information about Bpl values.
The packet-loss robustness can be increased with Packet Loss
Concealment (PLC) algorithms, which is used by many CELP-
based speech codecs (like G.723.1, G.728, G.729 and G.711)
[3] and became usual in VoIP communication.

The classic Internet services are not delay sensitive, but
network games and especially VoIP is. In case of voice calls,
the acceptable value of mouth-to-ear (M2E) delay depends
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TABLE I
QOS NEEDS IN MOBILE BROADBAND [1]
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Bandwidth G# H#  # H# H# H#

Delay H# # # H# G# H#  

Jitter # # # H# H# H#  

Reliability       H#

# Not Important H# Somewhat Important G# Important  Very Important

on various parameters, like packet loss ratio and Talker Echo
Loudness Rating (TELR). Under optimal circumstances, the
delay is less than 150 ms, which is suitable to provide the
expected voice quality and experience of transparent interac-
tivity. Higher M2E delay values until 250 ms are still resulting
in user satisfaction in most of the modern networks, but it is
important to emphasize, that the one way transmission time
has more components than the network transmission delay,
and we have to consider the codec and jitter buffer delays as
well. [4] Latency in mobile networks is reduced remarkably
in recent years, but most of the cellular networks still perform
with much higher delay values than wired or 802.11 wireless
networks. Keeping this value steadily under the acceptable
level in mobile broadband networks is a complex task, because
of the possible error correction, and the relation between
latency and spectral efficiency. In a few years Long Term
Evolution (LTE) with less than 5 ms small packet latency
and the next generation of mobile networks will eliminate
this diversity, but using nowadays widely used third generation
standards, we have to calculate with considerable latency.

II. MEASUREMENTS

A. Setup

To accomplish the measurement a mobile node with HSDPA
interface, a fixed node, and an Asterisk server were used.
All three nodes run openSUSE 11.4 (kernel version: 2.6.37.6)
operating system. As communication server Asterisk 1.8.8.2
was used, the endpoints were Twinkle 1.4.2 clients. The mobile
node was equipped with firmware upgraded Novatel Expedite
EU870D PCI Express Mini Card, supporting 3GPP Release 5
user equipment category 8, with 16-QAM modulation. Some
control measurements with different hardware (Huawei E220
USB HSDPA modem) were also made, to exclude inappropri-
ate modem operation. The measurement topology is presented
in Figure 1.

The HSDPA delay was measured in both directions sepa-
rately between the mobile SIP client and the Asterisk server.

Fig. 1. Measurement Scenario

It means that the delay values include the air interface delay,
backhaul delay, core network delay, and Internet delay, where
the first three delay values belong to the mobile broadband ser-
vice, therefore without the support of the providers we cannot
calculate them separately. Unfortunately, in this configuration
we can not totally separate or eliminate Internet caused delay
between the provider’s core network and the Asterisk server.
To minimize the influence of this type of delay, the Asterisk
server was placed in the network of University of Pécs, which
is part of the Hungarian backbone (HBONE), and acting as
a regional center in Hungary. In this way the Round-Trip
Time (RTT) between the Asterisk server and the core network
gateway of the mobile broadband providers were 5 ms on the
average, with low deviation. This means 2–3 ms “extra” delay
both directions, which is also included in the results, but these
small delays differ by one order of magnitude from the delay
caused by the mobile network, and have no influence on the
final results.

B. Codecs

To cover different bandwidth needs, three Asterisk com-
patible, free codecs were chosen. The main goal was to
test HSDPA networks with different shapes of voice based
data traffic (bandwidth, frame size) between the mobile client
and the VoIP server. Unfortunately, some more popular and
Asterisk compatible codecs (like G.729) require licence in the
used configuration and are usable for free only in pass-thru
mode, which is not applicable for this survey.

1) G.711: 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
result 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.
[5] G.711 is the most frequently used codec in international
phone networks, where the µ-law is mainly used in North
America, and the A-law is preferred in most of the other
regions. In this survey G.711 A-law codec was used, and
G.711 A-law hereinafter referred to as G.711.

2) G.726: G.726 is an adaptive differential pulse code
modulation (ADPCM) codec. The G.726 ITU recommenda-
tion works with 8000 samples per second and covers four
different (40, 32, 24, 16 kbit/s) transmission rates for voice
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communication. In practice, the most frequently used bit rate is
32 kbit/s. 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. [6] For these
reasons the 32k version of the G.726 codec has been selected
for this survey.

3) GSM: The Full Rate GSM codec works with the same
(8000 Hz) sampling rate, and use 13 bit uniform PCM signal
input. With the Regular Pulse Excitation - Long Term predic-
tion (RPE-LTP) the Full Rate GSM codec results in 13 kbit/s
bitstream. Each frame contains 160 speech samples in 13 bit
uniform PCM format, which are compressed into 260 bits and
usually padded out with 4 extra bits to send the frame in 33
octets, which results in an effective data rate of 13.2 kbit/s.
Because of the 8 kHz sample rate and the fixed blocks of 160
speech samples, the frame size is 20 ms. [7] [8] [9] The Full
Rate GSM codec hereinafter referred to as GSM codec.

C. Methodology

To analyse the delays and packet loss in Hungarian HSDPA
networks 104 VoIP calls have been made with each mobile
broadband provider. The measurements contained 3-3 calls
with 10, 20, 30, 40 and 50 ms frame sizes using G.711
and G.726 32k codecs (30 calls), and these calls have been
repeated three times from different locations at various times.
Finally the survey was extended with 14 calls using the fixed
frame size GSM codec in each broadband network. Every call
was 140 second long, except the calls with 10 ms frame size,
where 74 second long calls have been captured. The position
of the mobile device was fixed during the calls, to prevent extra
delays and other influences caused by inter or intra Node B
HS-DSCH to HS-DSCH handovers [10].

HSDPA networks and devices do not always operate with
full speed. Without “normal” traffic the devices generally
(depends on configuration) are going down to low speed or
idle mode to conserve power, and start to operate in full speed
again only if required. The problem is, that this on demand
switch needs a few seconds, and in the meantime the delay
values not reflect the HSDPA characteristic. For this reason
after capturing the packets of the VoIP communication, the
first eight seconds of each calls have been dropped, and the
remaining 132 seconds (the average call duration initiated from
mobile networks in the third quarter of 2011, Hungary [11])
and 66 seconds long calls have been analysed.

To syncronize the transmitter and the receiver, the 4th
version of Network Time Protocol (NTPv4) has been used at
the mobile SIP client and at the Asterisk server. Using modern
clients in low latency networks with NTPv4 it is possible to
reach time accuracy on the order of tens of microseconds.
[12] The local clocks were synchronized before and after
each measurement, using the university network and wired
connections. To reduce the effect of varying network quality
and limited accuracy of NTP, when the after measurement
difference between the local clock and the proper time esti-

mated by the NTP was more than 1 ms, the result set was
disregarded without any evaluation or further analysis. For
this reason 12 measurement (3.85%) were repeated during the
whole analysis.

III. RESULTS

A. Packet loss

Packet loss occurred during 46 calls, which is 14.74% of the
total calls. The average number of lost packets in the affected
calls was 1.978, which means 91 lost packets all, 52 packets
in download, and 39 packets in upload direction. On the basis
of the total packet count (3.084.295), the overall packet loss
ratio was only 0.00295%, which is much better then expected
beforehand, and it is far under the maximum allowed values.

Table II shows the packet loss ratios with different frame
sizes. In this measurement the least amount of packets were
lost with the 50 ms frame size traffic, and the most packet
were missing when 40 ms frames were used. Table III shows
packet loss ratio results broken down to codec types, where
the highest bit rate G.711 codec performed worst. However,
because of the low number of lost packets these result are not
suitable for drawing conclusions about the influence of frame
size or codec type to the packet loss ratio.

TABLE II
PACKET LOSS RATIO WITH DIFFERENT FRAME SIZES

Telenor T-Mobile Vodafone Total
10 ms 0.007061% 0.000000% 0.006498% 0.0044187%
20 ms 0.001829% 0.000303% 0.003031% 0.0017264%
30 ms 0.003789% 0.000000% 0.003789% 0.0025257%
40 ms 0.001443% 0.000000% 0.013468% 0.0047846%
50 ms 0.000000% 0.000000% 0.003157% 0.0010523%

TABLE III
PACKET LOSS RATIO WITH DIFFERENT CODECS

Telenor T-Mobile Vodafone Total
GSM 0.003364% 0.001083% 0.002165% 0.002306%
G.711 0,005602% 0.000000% 0.005398% 0.003739%
G.726 0.000889% 0.000000% 0.006138% 0.002245%

B. Delay

Delay values with G.711 and G.726 32k codecs are pre-
sented in Figure 2 and Figure 3. Delay values measured in
Telenor network marked with cyan, T-Mobile packet delays
with magenta, and results when Vodafone mobile broadband
was used with red color. At the bottom of the diagram, in the
20. . . 40 ms interval, you can see the download (RX) delay
values, and at the top of the diagram (between 40 and 120 ms)
the upload (TX) delay results. Each data set reflects 15 VoIP
calls, where each data point represents the average delay value
of the packets of 3 VoIP calls, where one call assembles
5280. . . 13200 packets, depending on the frame size.
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Fig. 2. Delay values with G.711 traffic

Fig. 3. Delay values with G.726 32k traffic

In download direction there is no considerable divergence
between delay and the used codecs, and between delay and
the examined frame sizes. With G.711 the minimum and
maximum average delay of three calls (with the same param-
eters) were 28.935 ms and 38.956 ms with 2.355 ms standard
deviation. With G.726 the same values were 28.344 ms and
36.845 ms with 2.141 ms standard deviation value.

In upload direction with G.711 traffic (Figure 2) we can
find dissimilar characteristics in different HSDPA networks.
The minimum average value of three calls has been provided
by the T-Mobile network using 30 ms frame size, with
47.767 ms, and the maximum (118.683 ms) belongs to Telenor
network when 40 ms frames have been used. The best delay
values in T-Mobile and Vodafone network were measured
with 30 ms frames. In T-Mobile network the bigger frames
(40 and 50 ms) generated longer delays than smaller frames
(10 and 20 ms), and this behavior of Vodafone network was
quite the contrary, where the bigger frames generated sorter
delays than the smaller frames, except one data point only.
Telenor data network performed worst, almost always with
the highest delay results. The standard deviation of the packet
delay was between 39.93 and 46.49 ms, except the calls where
20 ms frame size has been used, where the deviation grows to
65.32 ms, which is pretty high to a well working VoIP channel.

Using the G.726 codec, Vodafone and T-Mobile network
performed with similar characteristic, where a light decrease
(9.25% in average) is noticeable in delays when the frame size
changed from 10 ms to 20 ms, then the values increased when
the frame size was changed to 30 and 40 ms with an average

value of 21.39% and 16.95%. Finally, with 50 ms frame size
T-Mobile delay values decreased again, but Vodafone results
show dissimilar behavior. Telenor results are more divergent
at the frame sizes of 10, 40 and 50 ms, the average of the
standard deviations in each frame size is 6.093 ms (Vodafone:
2.421 ms, T-Mobile: 2.911 ms). The standard deviation of the
packet delay was between 36.76 and 43.23 ms, but there was
an exception with this codec as well, the uplink delay deviation
of the 10 ms frame size packets reached 60.28 ms.

Minimum, average and maximum delay results of the aver-
age of three calls, depend on provider and codec, are collected
in Table IV. Based on these delay results and low packet loss
ratio (Table II and Table III) Hungarian HSDPA networks are
qualified for VoIP communication, but unfortunately, practice
and big packet delay deviation values show something differ-
ent, if we focusing on individual calls and packets.

TABLE IV
UPLOAD DELAY VALUES

Telenor T-Mobile Vodafone
G.711 (min) 69.895364 ms 47.767183 ms 53.680872 ms
G.711 (avg) 99.509799 ms 74.375619 ms 68.829265 ms
G.711 (max) 118.682885 ms 109.032069 ms 86.676038 ms
G.726 (min) 77.430181 ms 71.898679 ms 64.187966 ms
G.726 (avg) 96.365919 ms 86.058160 ms 84.314273 ms
G.726 (max) 118.116308 ms 103.965959 ms 104.337567 ms

C. Unknown parameters
For an extensive research we have to handle all background

parameters, which have possible influence to the results. In
case of the current survey the actual load and the additional
traffic of the used cell possibly have influence on the results,
as well as the scheduler’s type and parameters of the actually
used Node B. Unfortunately these values are confidential, and
impossible to reach for using them in the current research. For
these reasons the traffic and load parameters have taken into
consideration in indirect way. Three sets of measurements have
been made with each codecs and frame sizes, using all three
providers. Each set was resulted not only in different locations,
but in different times as well. For example the first set of G.726
delay resulted in T-Mobile Hungary network (Figure 8) has
captured on 20.01.2012 (Friday) between 22:00 and 24:00 PM,
the second set on 01.02.2012 (Wednesday) between 8:45 and
10:00 AM, and the third set on 05.02.2012 (Sunday) between
10:30 and 11:45 AM. The different periods presumably mean
different traffic and load situations, but no relevant differences
are perceptible in Figure 8, where the smallest deviation is less
than 1 ms (20 ms frame size), and the maximum deviation is
only 5.4 ms, when 40 ms frame size has been used. Based
on the analogous testing condition, using the other networks
and codecs, similar results were measured, which suggests
different utilization, except in extreme conditions, making no
relevant differences in delay result.

The difference between network configurations is clearly
visible in Figure 2, where the characteristics of delay values
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Fig. 4. Spikes in G.726 32k 10 ms frame size VoIP traffic

are changing depending on the provider’s configuration. There
is a big difference between delay values in the analysed
networks, but all the results are under the necessary limit,
which still predicts that HSDPA networks are suitable for VoIP
communication.

D. Spikes

Because the delay sensitive behavior of interactive VoIP
calls, packet delays are very important to determine the quality
of these data flows. Average delay values are crucial, but in this
field, the individual packet latency is also important. Figure 4
shows the one-way delay values of individual packets in the
first 9 seconds of an ordinary VoIP call using HSDPA, where
the download latency marked with blue, and the upload delay
results with red data set.

The common characteristic of these spikes, that the maxi-
mum delay value is reached immediately after a packet with
an average delay value, and the following delay values are
decreasing packet by packet to the average level. The delay
values over 150 ms, where the previous packet delay was
under the 110% of the average delay of the analysed call,
have been defined as spike in this measurement. With this
algorithm, totally 15662 spikes were found in upload direction,
decreasing considerably the quality of all calls, independently
from time, location or provider. In general, the maximum delay
value of these spikes were between 200 and 350 ms, with 0.15
and 0.35 ms average length, expect some infrequent cases,
where occasionally the latency increased over 2 seconds. But
not only these rare occurrences, but almost in case of all spikes
were an audible error and a short break at the receiving side.
The shape of these spikes strongly suggest that these problems
are caused by the packet retransmission in the radio link
control layer. For this reason, contrary to the result of other
papers are usually focused on the downlink direction only [13],
[14], confirming the conjecture of the article [15], we found
that HSDPA access is not capable to provide interactive VoIP
calls in the needed and expected voice quality.

In case of a few calls (11.86%), some spikes were detected
during the download delay analysis as well. The total number
of the spikes in download direction were 68, where more than
one spike were only noticeable during 11 calls (3.53%).

E. Correspondence between upload delay and frame size
Packet delay in HSDPA networks depends on frame size. In

long term, increased frames resulted rising tendency in delay
values, except when G.711 codec traffic in Vodafone network
has been used (Figure 7). In Figure 5–10 the collected delay
values of the Hungarian data networks, using G.711 and G.726
generated VoIP traffic, are represented. Each chart contains
three data sets based on download, and three data sets based
on upload direction delay values. All the data point represent
the average delay value of the packets of 3 VoIP calls, where
the calls were initiated with the same parameters, but from
different places in various parts of the day. In some cases there
are small differences between the three calls average values,
which were caused by the different link quality and the unlike
traffic and load. As you can see, the rising tendency is not
always observable between the adjacent frame sizes, but the
charts (Figure 5–10) show unambiguous correlation between
the frame size and delay values.

IV. CONCLUSION

During this study 312 measurements were carried out to
examine the VoIP Quality in Hungarian HSDPA networks.
Despite of the very low packet loss and the suitable one-
way delay results, unacceptable results have been found. The
problems shown up in upload direction, affecting all the calls
without exception, where high level spikes were appeared in
delay times. The increased latency and too high deviation
resulted in audible breaks and interfering effects during the
communication at the far end site, which makes HSDPA
networks unserviceable to Voice over IP communication.

An other interesting and important result has been found in
analysing the connection between packet delays in radio access
networks and VoIP traffic, generated by different codecs and
frame sizes. A strong connection has been detected in this
field, the frame size and payload values have a significant
influence over one-way delay times. This relation is not the
same when connecting to various providers, it is based on the
actual parameters and configuration of each mobile broadband
data network.
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