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Abstract

Third generation (3G) packet switched WCDMA netvgorkith high-speed downlink packet access (HSPDA)
are currently being deployed worldwide to provideeless broadband connectivity. When introducing
HSDPA in 3G networks the end user experience asigsycapacity with voice over IP applications inyaro
considerably. When later on adding also high-speaket uplink access (HSUPA), the system capaaoiy a
end user experience will improve even further. faper analyzes with measurements the VolP qualiy
current Release 5 HSDPA networks. VoIP is expettidsk a widely used application over 3G data sebvic
The results show that even though the introduatibRISDPA significantly reduces the user-to-userceoi
delay, the performance is satisfactory only forestld devices. Overall, the end user experienctilis
significantly worse than with circuit switched sttuns and is not acceptable. The current limitatirith
VoIP in HSDPA networks with a too large delay cam improved by using the RLC UNACK mode,
potentially decreasing the jitter buffer size arducing the terminal processing delay. In the lorigem,
HSUPA and several features in 3GPP Release 7 stindéll bring further performance improvements in
both user plan latency and system capacity.

Keywords: HSDPA, VolP, WCDMA, Voice Quality, MOS

1. Introduction WCDMA, and WiFi capabilities as well as integrated
VolIP clients, ubiquitous connectivity across anyttodse
networks is possible using the same mobile terminal

Voice over IP (VolP) is becoming a widely deployed However, while the mobile terminal and client ahe t

service in data networks, and it will penetratenfrthe same, performance differs depending on the wireless

fixed network domain into wireless network domaihe access in use.

characteristics of fixed networks and wireless oeks Most of the studies of VolP over 3G network focus o

are fundamentally different, which will impact the simulation works. However, there is little data the

performance of services. In this article we analffze  performance in actual networks. Since VoIP is etgubto

VoIP service performance in wireless HSDPA and become a widely used application, and comes pre-

WCDMA networks. configured in many current handsets, it is of great

High Speed Download Packet Access (HSDPA) [1] importance to better understand the performancaici
networks are being intensively deployed to provide application over 3G networks. We set to answer the
broadband connectivity to mobile devices, such asfollowing question: is VolP over 3G network comnialy
handheld terminals and laptops. This broadbandegse viable with the current state of the arts networks?

access is able to support voice applications oysacket This paper studies the quality of VoIP in wireless

data connection instead of traditional circuit shétd calls.  networks with multi-radio mobile devices both iretlab

With the introduction of multi-radio devices witHSBDPA, and in live network environment setups by condgctin
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methodic performance analysis based on the E-Modelncluded different wireless accesses technologied a

[2,3](we will describe the E-Model in more detaits
Section 2). Likewise, our study will encompass the
signaling performance required for VolP applicasion

The key contribution of the paper is to charactetie
performance of VolP over 3G network, and to idgritile
main differences between HSDPA and WCDMA. We
perform a thorough empirical evaluation of VoIP lifya
and signaling performance with HSDPA and WCDMA.
From our evaluation, we will observe that:
VolIP performance is acceptable in HSDPA networks
only for VolIP clients on devices with enough
processing power, such as laptops;
VoIP performance is rarely acceptable in WCDMA
networks, even for those high performance clients;
WCDMA performance can be significantly improved
by having retransmissions only at the BTS, not the
RNC;

critical factor in the performance.

Our study takes into consideration both the
performance of the network and also the performanice
real embedded VolIP clients. In addition, we vakdtte
results of our study by comparing them to the dctua
performance in a densely deployed HSDPA network in
Finland. Based on the results, we analyze the pyima
differences in performance between simulations doumn
the literature, our lab experiences and a live agtwase
study. Finally, we discuss possible features that c
improve the performance enough in current and éutur
releases to support VolIP in all handheld devices.

The remainder of the paper is organized as follows.

Section 2 describes our research approach, Segfidn
and 5 present results from a laboratory setup,va li
network scenario, and for VoIP signaling perfornanc
respectively. Subsequently, in Section 6 we desgthme
standardization improvements. In Section 7 we disthe
available related works and finally in Section 8 dvaw
conclusions.

2. Methodology and Test Environments

Our experiments are composed of measurements in
HSDPA and WCDMA testbed, as well as a live HSDPA
network of a Finnish operator. We are interested in
measuring both the VolP service audio quality inhbo
laboratory and live setups and SIP signaling lagenfor
registering users and setting up calls.

2.1. VolP Quality Methodology
The evaluation methodology consisted of multiple®/o
tests carried out in a radio interference free remvnent.

These conditions were achieved in a laboratorypsbiu
using an RF room for the BTS and clients [4]. Test

Copyright © 2008 SciRes.

The delay introduce by the end-user terminal is ae

variable combinations of codecs, signal conditions,
number of clients and fading profiles among others.

The main evaluation was carried out with two simila
tools based on the E-Model [2], which is a ITU-T
recommendation for VolP evaluation. Firstly, wittN&N
proprietary tool, which is an implementation simitia the
one described in [3], and secondly, with IxChanwitjch
is a widely used voice evaluation tool [5]. Finalythird
tool based on the PESQ evaluation model was used to
determine the average end-to-end delay with real
embedded VolP clients. With such setup, we caruatal
the performance of the different wireless access
technologies based on the following test objectives
« VoIP quality performance with the E-Model;

Voice quality characterization for different wirete
accesses, signal conditions, configurations anghdad
profiles;

Benchmark of two voice quality evaluation toolsdxhs
on the E-Model;

Estimation of the average end-to-end delay whesah r
embedded VolIP client is used;

Effect of simultaneous background traffic during a
VolP call;

Characterization of delay sources and possible
optimizations.

The E-Model is a voice quality evaluation modeliba
based on network performance metrics. It is basea o
mathematical algorithm and provides an “R” perfonce&
value based on the sum of four “impairment factors”
considered to be cumulative. The algorithm is deglién
Equation (1) where, “Is” is Signal to Noise Rati” is
delay (ms), “lef” is packet loss (%), and “A” ispectation
factor.

R=100- Is- Id- lef+ A Q)

In practice, ITU-T proposes to use a simplifiedsin
of this algorithm. The simplified algorithm considehat
noise cancellation is encountered in the network @so
dismisses the expectation factor. The expectatoiable
is supposed to be used to provide a balance foesom
environments in which the user expects a degradetlity
guch as satellite connections. However, sincevtrisble
is merely subjective it is recommended to ignorél ke
simplified algorithm is depicted in Equation (2).

R=93.2- Id - lef )

The R value can be associated with the Mean Opinion
Score (MOS) values, which is a subjective grade/dice
quality based on studies carried out by ITU-T. Hesre
even though the R-value can match a MOS valuanibhat
predict the absolute opinion of an individual user.

In this paper we calculate the MOS scores with two
tools based on the E-Model: a Nokia proprietary sow
IxChariot, which is a widely used tool. These tosénd
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dummy packets that resemble VolP packets. The packe

. R . IMS
size and transmission intervals are tied to the efasd

s
codec. Based on the received packets, network perfo ___REpnhgse | <l
mance values are calculated and the E-Model algorii : i Core
applied to determine a MOS score. Figure 1 shows an e o | § g Network
. . R 4 =
overview of the environment and the E-Model basetst ! NOEE—NES \K :
In this paper we emphasize the performance of the | . I
G.729 codec, which is the only codec supporteditipe : = :
1 MHokia H95 |

measuring tools used in this research. G.729 gssasilar
to AMR-NB. AMR codec is the main building block far
future codec for 3GPP based networks. ITU-T hasset Figure 2. VoIP signaling test environment.
standards for maximum voice quality for severaleay]
including G.729 and G.711. However, there is ndt ye tary tool with a function similar to TCPdump, anthlyzed
agreement on a standard AMR codec maximum qualitywith Wireshark Protocol Analyzer [7].
definition in relation to the E-Model. Thereforegwan All the calls were carried out with two identical
make the assumption that the performance valueserminals with exactly the same setups, registévethe
measured with G.729 codec are representative and ar same VolP server in the NSN IP Multimedia Subsystem
useful basis for our analysis. In addition, G.74hét an  (IMS) and via the same wireless access in an tente
appropriate codec for wireless networks such asP¥SD free environment. The measured scenarios were
due to its high bitrate. However, G.711 is onehgfmost  HSDPA-to-HSDPA, WCDMA-to-WCDMA, and WiFi-
largely supported codecs, and it is widely usedhim  to-WiFi calls. The maximum transfer bitrates weet is
Internet. Also, due to legacy equipment it is usedghany the RNC and HLR configurations to model different
cases, even though AMR and other lower bitrate c®de wireless access scenarios. For WCDMA, maximum kplin
(e.g. iLBC) are encouraged. For this reason weyshath and downlink transfer rates were fixed at 64/64skhpd
G.729 and G.711. 128/128 kbps. For HSDPA downlink was 3.6Mbps and

the uplink was fixed at 128 kbps. In the case ofF\Vi
2.2. VolIP Signaling Performance Methodology transfer rates were left with default configurat{802.11g

and maximum transfer rate). Figure 2 shows the test
The evaluation methodology consisted of a varigty o €nvironment setup. .
VolIP calls using Nokia N95 terminals. We chose this The core network and IMS system were privately
terminal due to its widespread penetration in tteeket ~ OWned and under very low load. The wireless access
and because it includes an embedded VoIP client bysyStems were based on NSN Release 5 equipment for
default. This client can also be configured to waikh ~ HSDPA and WCDMA tests with default settings. For
other SIP systems (e.g. Gizmo project). We diduseta  WIiFi tests, we used a Belkin Pre-N Router with défa
3rd party implementation with Skype because thezeew ~CONfiguration. The core network and IMS system were
no suitable clients for the N95 at the time ofshedy. we ~ based on Nokia equipment. The tests executed tedsis
captured SIP packet traces directly from the mobile©f multiple iterations of each of the voice calbsarios

terminal wireless interface [6]. With such variablwe  and registration to the VolP server. We providerage
evaluated the different wireless networks availdiben result values from the measurements. The measutemen

the following test objectives: took place during February-March 2007.

« SIP registration delays
« VoIP call signaling delays (post-dial, answer-signa 2.3. Live Network Case Study Methodology
and call-release delays)
The two main activities in VolP calls are: first, a The final stage of our study consisted of evalgatiaice
registration to the VolP server which is requiredriake ~ quality in a live HSDPA network. The network evaloa
and receive calls, and second, the voice call siggeff.  took place in the Helsinki metropolitan area, amel live

The packet captures were carried out with a NShprige ~ network in use was provided by Elisa, Finland'gést 3G
operator. The HSDPA coverage in the Helsinki metro-

politan area is densely deployed and assumed baed

| x brapsi core on NSN equipment similar to the one used in our lab
B o Network measurements (Release 5 equipment). Therefongelits
Endpoint : ‘b formance is directly comparable to our previousiites
| On i <erver ~  The test objectives for this phase are as follows:
’ o o Characterize the base performance of the network
Pegngprg?n”tce (throughput and round trip time) under differemrsil
conditions
Figure 1. VoIP quality test environment. « Evaluate the VolP quality in different signal camatis
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(excellent, medium and poor)

Evaluate the average VolP quality in a mobile sdena
and determine the signal quality distribution foz test
route

VolIP can actually be used with an adequate quighitl.
The bitrates were fixed and therefore, features ddapt
bitrate (by increasing or decreasing) during packet
switched connections were not used during the .tests

Our approach to the live network measurements wad-ading was applied with Propsim C8 fading simulator

modeled in the following way. First, we made a basi
network performance evaluation in different radio
environments based on signal-to-noise ratio EcAN@ls
[4].

Ec/NO values are an objective figure for quality
conditions because they take into account bothasign
strength and the current interference level en@radtin
the cell. Based on these basic network performégeees,

using Pedestrian-A 3km and Vehicular-A 30km fading
profiles. The jitter buffer had a depth of 200msl dinst
packet play delay of 120ms. That is, all packets ar
delayed at least 120ms to provide a cushion fosiptes
jitter. These are common settings in VolP clients f
wireless cellular systems. According to Wang ef&il. a
conservative jitter buffer playout delay is abob0mns.

Our results are consistent and show that the agtliev

we can evaluate the average performance in terms ofjuality in the HSDPA system is competitive. Based o

maximum downlink and uplink throughput, as well as
average round trip time for a particular EC/NO m&angs a
result, we are able to define three signal conaiti@nges:

1) Good signal 2) Medium signal, and 3) Poor signal
Second, we evaluate the VolP quality with the salgél
Proprietary tool used in previous tests under tireet
different signal conditions. This allows us to gegood
metric of what is the quality in a static scenaninder
specific signal conditions. Third, we evaluate #iverage
VoIP quality under a mobile scenario. The test @out
chosen crossed a major part of the Helsinki metiigmo
area from West to East. The tests were carriechiouig
the route in both directions twice. In addition, we
measured the signal levels (Ec/NO) along the whole
driving route and carry out statistical distributiofor the
values.

An obvious limitation of our study is the fact tithte to
the nature of a live network, we are not able tovkror
control the other user traffic that could be takpigce at
the same time. Therefore, we are not able to pintpbe
sources of e.g. a sudden quality drop or reducedi®i
However, since we carried out multiple tests, dudg
provides a realistic view of what is the actuaffpenance
that could potentially be achieved in the field.eTh
measurements for the live network study took pthaing
July and August 2007.

3. VolIP Quality Analysis and Results

3.1. HSDPA/WCDMA VolIP Performance

The tests to evaluate VolP quality involved thddwing
variables: signal conditions, wireless access, fadéhg
profiles. Signal conditions were modeled to provide
different EC/NO levels by using attenuators. Howetlee
results in this paper show that this variable dussmake
any sustainable difference and therefore, averagaltr
values are given instead. The wireless accessdtmfias
used were restricted to HSDPA/128, WCDMA 128/128

and WCDMA 64/64. There was no reason to use higher

bitrates in this study since VolP packets requirewa
bandwidth. Therefore, we emphasize the limits incth

Copyright © 2008 SciRes.

ITU-T G.107 [2] quality was in average medium for
HSDPA with both measurement tools (NSN Proprietary
Tool and IxChariot). The average MOS was roughl 3.
(see Figure 3 and Figure 4). This is a good figure
especially considering that typical PSTN systenuvigle
MOS values around 3.5. In the case of WCDMA, qualit
differed depending on the bitrate used. WCDMA 128/1
provided low quality and WCDMA 64/64 gave a low/poo
quality level. The results also show a differeneéneen
the measurement tools. Our proprietary tool was &bl
differentiate more clearly the quality levels betwe
WCDMA 128/128 and 64/64. However, IxChariot does
not recognize much difference between these twatbi.

In any case, both tools show that quality in WCDMAot
optimal and is around MOS 3.0 at its best. WCDM#6a4
MOS varied between 2.25 and 2.7. ITU states thaSMO
below 2.5 is not recommended for voice servicesthat
nearly all users will be dissatisfied with sucheavice.
Therefore, we can expect that the end user experieith
VolP WCDMA is not stable and will vary.

Table 1 presents the average end-to-end delaywmin t
experiments (including jitter buffer playout delayjhe
results also show very similar performance regasdtef
the signal conditions modeled or the fading prddipelied.
The reason probably relates to fast power control
mechanisms which are able to handle such changes in
signal conditions in HSDPA and WCDMA. We
recommend that further studies would be perfornsadgu
noise or traffic generators instead of only modgbignal
scenarios with attenuators.

Proprietary Tool E-MOS G.729

OPed A3 km
oVeh A 30 km

E-MOS

=T

WCDMA
64/64

HSDPA/128 WCDMA

128/128

Figure 3. VoIP performance evaluation with proprietary tool.
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IxChariot E-MOS G.729 Finally, we point out that both measurement toaddy
quite similar results, with exception of WCDMA 64/6
5 However, in this case we can observe that our Etamy
tool is actually more accurate than IxChariot, el
SPed A3k since IxChariot does not seem to recognize any
performance difference between WCDMA 128/128 and

aVeh A 30 km
—H> 64/64 accesses.
1 '

HSDPA/28 ~ WCDMA  WCDMA 3.2. VolP Performance with Simultaneous FTP
128/128 64/64 Background Traffic

-

d
!

E-MOS

P
!

Figure 4. VolP performance evaluation with IxChariat. We also conducted some experiments where we added
background traffic. The tests included a small nerrdif

Table 1. Average VolP end-to-end delays (includingter buffer). simultaneous users running FTP downloads in order t

Proprietary Chariot evaluate if they had any _effect on the VolP perfamoe.
Tool As we expected, a limited number of users canrietaf
(EEEES PedA | VehA | PedA | VehA VoIP quality (see Figure 5). The reason is tiedtte
3km | 30km | 3km | 30km Round Robin Scheduling used in the system, which
HSDPA/128 215ms| 217ms| 223ms | 225ms divides bandwidth equally among users. With onsjmul-
WCDMA 128/128| 295ms | 300ms | 368ms | 381ms taneous users, each user will be given enough Ldtidw
WCDMA 64/64 | 315ms| 355ms| 370ms| 365ms on a timely basis (every few milliseconds). In orde

measure the effect of background traffic we encgaira

tests with a much larger number of users, e.g.A&«uld

be required. This is out of the scope of this doenin

Likewise, testing different scheduling techniquastsas
Weighted Proportional Fair is of interest. Howevbgre

] aPed A3 km are several simulation based studies [9,10] thalystolP

aVeh A 30 km capacity gains for different scheduling schemehiiting
mixed traffic scenarios. However, note that [11]
analytically showed that QoS constraints on Voléuoe
the benefit from the Proportional Fair algorithmeov
Round Robin scheduling.

Proprietary Tool - HSDPAM28 G.729

=

E-MOS

(AR
1

1 2 3
Simultaneous FTP DL Clients

Figure 5. Effect of background traffic.

Jitter G.729 3.3. Effect of Jitter and Packet Loss

P
(%]

The next test included experiments with jitter gradket
- loss. Jitter and packet loss are presented in &i§und
L [SPed A3 fam Figure 7. From the results we can see the aveitégregnd

:IT | [aveh A 30 km packet loss measures for different access networks.

g

=1
o oo ;o
| |

-

|| The results show an increased jitter and packstftaors
. . WCDMA 128/128 and 64/64. Further delay analysis
HSDPA/128  WCDMA  WCDMA shows that this increase is most likely causeddnst@mnt
128/128 64/64 RLC retransmissions. RLC retransmissions have factef
on both jitter and packet loss. Every time a RLC
retransmission takes place, it will cause a ~20@galay
Packet Loss % G.729 peak. This peak can potentially fill the jitter frrfcausing
an overflow, which results in packet loss. Packss lalso
affects voice quality. The frequency of RLC retrans
missions is dependent of the access in use. Fyshews
Ped A 3km an example of the RLC retransmissions (200ms delay
@Veh A 30 km peaks) for different wireless access technologies.
m The performance of these wireless accesses would
. . improve if RLC retransmissions are avoided as magh
HSDPA/128  WCDMA WCDMA possible. One possibility is to use the unacknogéed
1287128 b4/64 mode (UNACK) feature in the RNC. The principle of
Figure 7. Packet loss percentage. operation in HSDPA [1] is such, that the BTS estana

Milliseconds [ms]

Figure 6. Jitter average.

PacketLoss %

D = MW W
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HSDPAI128

WCDMA 123.‘1 28
aoome]L L L L AL AR Wi

WCDMA 64164

'["" l ':l'fll-_| If |'I.p “t
lw“ (SR -L-«Jw- n--u-w

Ahwm

2DDmSI

~45 gec,

Figure 8. RLC retransmissions.

the channel quality of each user based on the qéiylalyer
feedback on the uplink. Subsequently, link adaptasind
scheduling takes place at a fast pace. When thetsare
first received at the BTS, they are buffered. Tilea BTS
transmits the packet; however, it will still kedpiri the
buffer. The reason being that in case of a failaréhe
transmission (e.g. decoding failure), a retransimiswill
take place directly from the BTS without requiringy
action from the RNC. This is a powerful advantaipees
the retransmissions are combined at the termirakever,
if there is a physical layer failure, such as aaimg error,
then an RLC retransmission is required, and packets
retransmitted from the RNC (see Figure 9). Thisialsly
results in an increase in delay, which is not bieraffor
services like VolP. While RLC retransmissions ao¢ a
very frequent event in HSDPA in static scenaribsytare
more likely in mobility scenarios. In contrast WCDMA,
all retransmissions are RLC retransmissions reaugiri
RNC involvement. In the RLC unacknowledged mode
packets are not retransmitted even if some are fost
example due to cell change operation [1].

3.4. Codec Performance Evaluation

Even though our study focus was on low bit rateecsd
(e.g. AMR or G.729), we also evaluated the perforcea

Proprietary Tool E-MOS
G.729 & G.711 (Ped A 3km)

4 —
a2 0 G.729
3 37 —— BT
w

N S

1 : :

HSDPA/128  WCDMA WCDMA
128/128 64/64

Figure 10. Codec performance evaluation (G.729 and
G.711).

Table 2. G.711 codec jitter and packet loss (PedA 88.

Access Jitter Average Packet Loss %
HSDPA/128 13ms 0.34
WCDMA 128/128 19ms 2.78

Figure 10 shows the VolP quality comparison forhbot
G.729 and G.711 codecs. Table 2 summarizes tlee jitt
average and packet loss encountered when using the
G.711 codec.

3.5. Embedded VolP Client Evaluation

These tests aimed at determining the additionahydel
resulting from real embedded VolP clients, suctiha®ne
included with the N95. The test setup consisted of

» establishing a VolP call using an IMS system witib t

G.729 codec. Subsequently, we measured the offtmy,d

that is, the delay between the moment when thanatig
audio sample occurs to the moment the audio sample
reproduced in the other calling end. The tool ufmd
offset measurements was Malden DSLA [12]. Figure 11
shows the measurement environment. The results show
that the total offset delay including the VolP olie

of the G.711 codec. Using G.711 codec in wirelessprocessing delay is rather high (see Table 3). TTU-

environments is not encouraged due to its highteralpé.
However, since it is one of the most widely suppdrt
codecs, there are cases in which it will be usedtdwther
codec incompatibilities. The performance was messur
with a proprietary tool. Tests with WCDMA 64/64 ngi
G.711 failed most of the time or resulted in vernd

recommends 400ms as the maximum delay for voice
services with a reasonable quality. With delay &bthis
limit, conversations are not interactive anymore eesult
in talker overlaps. Therefore, a voice service wigy
high delays results in a situation in which mashat all
users are dissatisfied. As a comparison, curreguiti

delays of several seconds and are therefore extlude switched voice services have a delay of roughly

4. Retransmission

1. Packet to
BTS Buffer
;| o S Terminal
RMC i
BTS 4. Retransmission
combining

Figure 9. BTS retransmissions handling.

Copyright © 2008 SciRes.

230-250ms.

With the results we can estimate the client prangss
delay by subtracting the average end-to-end detay f
our tests based on the E-Model, 215ms, 295ms, 50mhS
respectively. The result is roughly 210ms additiona
processing delay when using a real embedded Va@htcl
This value differs considerably from the more ojigiin
processing delay estimations of 50-75ms availahle i
research from [13,14].
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Original Sample @

Original udio 5
samplepsent 4 m

=== P, Slg&"_f —

T Recorded Sample

T Received Audio
sample £ Recorded
The silent time it took from the start

)
e — of the recarding and the beginning
of the audio is estimated (offset) by

Malden PMalden
torsale Malden tool

Figure 11. Offset delay measurement environment.

Table 3. Sources of delay (G.729 codec).

HSDPA WCDMA WCDMA
/128 128/128 64/64
RTT Delay 85ms 170ms 225ms
Jitter Buffer
(100-200ms) 130ms 125ms 125ms
Total E2E Delay 215ms 295ms 350ms
Total E2E Delay,
including embedded 425ms 505ms 560ms

client delay

3.6. HSDPA/WCDMA Overall Effect on VolP
Performance

End-to-End delay is the main reason for low voiaelity.
With the total end-to-end total delay average \alue
can extend the analysis by dividing the sourcedetdy
(Table 3).

With this estimation it is quite clear to understavhy

VoIP does not perform well in current systems with the overall

handheld terminals, and particularly live networ&sen
when the round trip time (RTT) is low. The final
end-to-end delay is just too high. We finalize &alP
quality analysis by modeling the resulting VolIP lifya
MOS with the additional embedded VolIP client
processing delay based on the E-Model (see for@ula
Figure 12 shows this estimation. The results regmiea
case of a laptop client versus using an embeddisat ah a
handheld device such as the N95 VolIP client. Theré
considers both delay and packet loss impairmetdfact
must be noted though, that in a laptop client tiélealso
be an additional processing delay. However, sutdyds
considerably lower, ~50ms in a worst case scerjafip
Thus, still ~160ms lower than with the mobile devic
tested.

Future features such as HSUPA in further 3GPP

releases will slightly improve performance. For rapée,
the expected average RTT for HSUPA networks ishityug
65ms (a reduction of 20ms compared with HSDPA)sThi

A. ARJONA ET AL

EMOS G.729
5
4
3 OLaptop
3 p— Client
w — DEmbedded
2 Client
1 : [ 1]
HSDPA/128  WCDMA WCDMA
128/128 64/64

Figure 12. Overall VolP quality with laptop and embedded
handheld clients.

points in the MOS score. The main reason for tméteid
quality improvement is that the major sources dhayle
and therefore, main impairment factors reducing P/ol
quality are not directly related only to the wirgdeaccess,
but to the VolP client implementation. However, ves
described previously, if some HSUPA features like
UNACK mode are enabled in the wireless networlgilit

be possible to reduce the size of the jitter buffer
implementation without compromising the VolP qualit
Furthermore, a reduction in the client processielaylis
extremely important in order to seriously improve t
VolP quality in the mobile environment.

4. VolP Signaling Analysis and Results

In this section we analyze the latencies for Vasihg the
Session Initiation Protocol (SIP). This is an intpat
metric because long delays in the call setup seljidwarm
VoIP experience; people have certain
expectations based on the current circuit switceedices,
and it is crucial to meet those.

4.1. SIP Registration Setup

The signaling [16] and delay measurements for SIP
Registration to the VolP server in the IMS system a
depicted in Figure 13. The measurements show keat t
registration times with HSDPA and WCDMA are about
30% and 50% higher than with WiFi. While this migiatt
seem much, we should remember that SIP registration
requires a very limited number of messages. Thezets
more messages are required, such as with 3GPP based
registration, delays will increase.

4.2. VolP Call Signaling

ITU E.721 [17] recommends values for call setumyel

reduction however does not improve the VolP quality in circuit switched calls. The recommended valwesall

when using a laptop. That is, the average MOS with
laptop will still be the same. Contrastingly, thepected
quality improvement for an embedded client is alibat

Copyright © 2008 SciRes.

setup (post-dial delay) are 3s for local, 5s fdrdad 8s
for international connections, with 6s, 8s, and 4495%
values. The “call answer” (answer-signal) delayeetb
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Figure 13. SIP registration signaling delays. Figure 15. Average throughput in Elisa HSDPA network
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Figure 14. VolIP call signaling delays.

Figure 16. Average round trip time in Elisa HSDPA
network.

the time it takes from the moment the receiving end

accepts the call until the call is actually esttidid. E.721
recommendation is 0.75s for local, 1.5s for tafigd 2.0s

5. Live Network Case Study

for international connections, with 1.5s, 3.0s, &rfik as

95% values. Finally, “call end” (call-release ddlaythe  5.1. Generic HSDPA Performance

time it takes for the call to be terminated [18,1Bhe

signaling [16] and delay measurements for voicé cal In this section we describe the generic evaluatibthe
setups when a PDP context is active and the tefngina live HSDPA (Release 5 equipment) network perforreanc
registered to the IMS system are depicted in Fig4te  in Helsinki. The results for throughput and rourid time

The results show an expected increment in the callare depicted in Figure 15 and Figure 16. The measemt
signaling delays depending on the access usece 8ihof  resylts show an increase in round trip time delégnw

the network elements were located in a private 08 compared to the average values measured in the lab
the environment could be though of as providingaloc  enyironment (85ms). This means that the VolP qualit

calls. Our results also show that an embedded sdloilP
client experiences an increased delay comparedR@€ a
client, such as the one measured by Curcio anddrufi8]

with a WCDMA network.

The setup delays for VolP calls might be impactét w
additional delays in a cellular system in case®\wleere is
no active PDP context, and also due to a requiegis+
tration to the IMS. The PDP context activation glelas
~3 seconds in our tests. Simulations by Pous €P@].

(MOS) will be worse than our results in Sectiona8¢d
therefore VolP support will be even more difficult.
Throughput was measured via multiple file downloaad
uploads from a local server in Finland; while RTasw
measured with 32Byte ICMP Echo Request and Reply
(ping) packets to the same server.

5.2. VolIP Quality

propose 2.24 seconds. Based on these valueswagsal o ) o

on enabled calls can be in line with E.721 recommen The VoIP quality in the Elisa HSDPA network is Nise
dations. However, when the PDP context is not active  Slightly lower than our lab measurements (see Tdble
delay with WCDMA can vary between 11 to 17 seconds, The mean opinion score was 3.5, 3.5 and 3.3 fodgoo
and thus, exceed the recommended values. HSDP# delanedium and poor signal conditions. However, we Have
in this case is around 8 seconds, which is simdathe  consider that once again, the VoIP quality was e
recommendation for international calls. Howeveditmhal ~ for laptop based VolP communication. That is, iéslaot
delays from e.g. traversed networks, gatewayspemdes ~ account for the additional processing delay for the
could result in larger total delays than those menended. terminal VoIP client implementation previously delsed.

Copyright © 2008 SciRes.
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The results in the live case still indicate that®'support RTT during Mobility [ms]
for a handheld embedded client will be poor. Howeve 800 .
these values do take into account the jitter byffay out 700 1
delay. The most noticeable difference between liheet 600 i
scenarios is the packet loss ratio, which increasethe 500 1
signal quality decreases. 400 : i
300 | n
5.3. VolIP Quality in Mobility Scenarios 200 i
100 veatluatliiip ol ot
The mobile environment tests were measured frorara v 0 Tine

driving through a test route at average speeds0e806
km/h without stopping. The selected test route seethe
Helsinki metropolitan area from East to West andsit
entirely covered by Elisa HSDPA network according t

Figure 17. Round trip time during mobility tests.

Signal Quality Distribution [%]

their publicly available coverage map. The testeouas 100%
about 18.5km and it took approximately 15min toéda 0%

The test route was driven several times to validhaee DGood Sindl
results. 60% i O Medium Signal
The results show that the average performancevisrio 4o 3Tt mPoor Signal

. . . N . . @ Bad Signal
than in static scenarios. A mobile scenario obwious
brings several additional challenges due to théemifit 20 ) 30
cell changes along the test route. The number bf ce o% |
changes along the route was 28 and were charaeria Distribution
the changes in scrambling codes used. Table 4 stinasa
the VolP quality results. Figure 18. Signal quality distribution.
Furthermore, in mobility scenarios the amount offRL ) R
retransmissions required is very noticeable. To Signal Quality Distribution [%]
characterize the retransmissions, we conducted ai 20% 8%,
additional test along the test route in which watse " 15%
continuous ping packets of 32B (see Figure 17). The % e
results show a large amount of delay peaks reguitom 10% L '
these retransmissions. Therefore, it further sugpour &% %
lab measurements and emphasizes the importand® of t 5% 3% ] ¥y, %
unacknowledged mode feature. We expect that thaemo ., | [1 || || || [ || [ [ s M m a 1
would potentially take the majority of large delpgaks, 2 3 4 5 6 7 8 9 10 1 42 13 less
and thus, improve VolP quality. However, if this deois Ec/NO [dB]
used, there is a possibility that the packet lag® mwill
increase, and for that reason, it is very important Figure 19. Detailed signal quality distribution.

validate future results as well even if the featarenabled.
In addition, during the mobile tests, we recorded t along the test route. The measurements show that in
signal conditions to characterize the signal qudigtribution ~ general, it is highly probable to get a good sidgeat| and
that the coverage is well deployed (see Figure A@ a
Table 4. VoIP quality in Elisa HSDPA network (including Figure 19).
jitter buffer).

Dolay  Jitter  Packet 6. Future Directions

Scenario A MOS
vg. Avg. Loss %
Good Signal At the cur_rent moment,_the performance_ of VolP @& 3
(EC/NO -3 to -5) 288ms  19ms 0.4 3.5 networks is far from optimal. However, with sometioé
features and improvements in further 3GPP reledkes,
Medium Signal o0 o 19ms 10 35 performance will improve. For instance, Release 6
(Ec/NO -7 to -9) ' ' equipment reduces RTT to roughly 65ms, and eveerdow
Poor Signal with Release 7. Likewise, with Release 7 operatanse
(EC/NO -11 to -13) 206ms 1ams 2.6 3.3 other choices for deployment prior to full VoIP Imlts.
_ For instance, advances such as Circuit Switchedevoi
Mobile 331ms  22ms 1.9 3.2 over HSPA (CS over HSPA) can improve capacity to

Environment similar levels as with VolP. In this case, traditb voice
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is carried over packet data. Hence, since VoIP does In regards to VolIP signaling, SIP call setup delayd
provide any significantly better capacity figureseo CS signaling performance have been studied previously
over HSPA, operators can delay VolP deploymentagan mostly for Internet scenarios. ITU E.721 [17]
delayed until adequately performing terminals and recommendation and an IETF Internet Draft [33] vite
networks are available. This however, is only passif call setup delays recommendations for circuit dvatt
several features are upgraded in several netwerkegits.  and Internet Telephony systems respectively. Aolaily,
These improvements occurred while this manuscrgt w Eyers and Schulzrinne [19] provide guidelines faeinet
under review. CS over HSPA is expected to be ireddiid ~ Telephony call setup and signaling transfer deldys.

3GPP Release 7 [21]. regards to 3GPP based wireless accesses, Kistams H
[34] provide simulations for transfer delays witGBP
7. Related Work signaling, while Fathi et al. [35] and Pous et [@0]

modeled signaling performance. Further, Curcio and

Lunden [9] provide measurements for a WCDMA setup
Although, there is prior work investigating the Wl ysing laptop clients for local, international aneerseas
performance in WCDMA and HSDPA systems, it is not calls. Most of the mentioned research focuses on
very extensive and mostly based on simulations. Forsimulations, and does not consider some end usesca
instance, some papers [22,23,24] study VoIP pedooe  such as calls in wireless environments startingnfro
in WCDMA and provide some baseline results. Intddj  different states. Additionally, performance witHfeient
other works [25,26] provide some estimated values f wireless radio accesses and configurations unéesaime
processing delays. In these studies, the assuniptidhe conditions is not available. Also, the availablerkgdo
estimations is based on whether the call is towards not use an embedded VolIP client in a handheld mobil
landline or a mobile end. Some performance sinutati  terminal, which yields different delay values comguhto
are also available [8,10,13,14;2B]. However, the a PC. HSDPA signaling performance has not been
simulations only provide a delay budget rather tiaan €valuated either. Our research aims at coverirggtitems.
description of the end user experience. Contragtiogr ~ The importance of evaluating a mobile terminale®lin
study focuses on end user experience and V0|Pty|ua|i the fact that the eventual substitution of cir@vititched

rather than delay budgets alone. The delay budgees  calls in 3SGPP networks (HSDPA and WCDMA,) for VolP
used in simulations vary from 80-150ms for studies calls will take place with a handheld mobile deacel not
ignoring encoding/processing delays and jitter duff With @ PC or laptop. Likewise, multi-radio devicean
implementations [9,27,28,30,31], to 250-300ms for provide ublqwt_ous_agcess via different wwel_es_seas
studies that assume such delays to some extem,[&ltechnologms with distinct performance charactiesst _
13,14,29]. In addition, the estimations used inutitions | "€ lack of actual measurement performance values i
are in general overly optimistic in regards to,. elgent !lterature could be_ maml_y due 1o the unavaﬂajmklr_f
processing delay. Kim [14] considers the procegsing integrated VolP clients in the '_[ermmal_s and a\_mda
encoding delay to be 50ms, while Ericson [13] agsim HSDPA ne_twor_ks. quever,_ with the |ntr0(_j_u_ct|on of
around 75ms. These delay values include the [ittiéfier some multl-radlo_ devices W'th VoIP_capablhtlesg(e.
playout delay as well. Therefore, it is noticeathley are Nok|_a N95' Nok|a 6110), it is possible to use VolP
L . applications without a PC.

too optimistic, especially when compared to our
experiment results with actual handsets and Vaterji )
buffer client implementations. 8. Conclusions

Even though, it is understandable that the exact
encoding/processing delays and jitter buffer playou Multiple measurements were carried out to evalaaie
delays are client specific, unless they are modeledcharacterize the VolP quality and VolP signaling
accordingly, or at least, to some extent, the défiees in  performance in HSDPA and WCMDA wireless accesses.
performance between simulations and actual deploiane The results show that HSDPA access is capable of
will remain very visible. Therefore, simulationsu#ts are  providing a competitive VolP quality compared tecait
only comparable to laptop based performance didst  switched voice. However, WCDMA in 128/128 and 64/64
and not to actual handheld performance, which énetid bitrate configurations can only provide low and poo
is the primary use case for VolP services. Othratkition qualities, the main issues are long delays andgtdogses,
study [28], notices the importance of reducing RLC which occur often due to RLC retransmissions that
retransmissions to improve performance in FTP andoverflow the jitter buffer capacity. However, theaim
HTTP browsing. However, the study does not additess issue with HSDPA is not only tied directly to th&eless
importance for VolP services. Finally, Wager and access performance, but to the mobile device chipedi
Sandlund [32] conduct simulations to determine theOur results show that embedded mobile VolIP clieats
amount of possible lost frames of VolP speech iDA& introduce an increased delay due to processing when
mobility scenarios. compared to laptop performance. This processirigdes
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e.g. encoding/decoding, and other operating sysieks. [12]
The additional delay has a considerable voice tyuali
reduction effect. Further, the results from the teses
experimented in a live network resulted in lower
performance when compared with similar laboratory
measurements. Also, the effect of mobility in regato
VoIP quality degradation is quite noticeable. The
degradation is due to handovers during the tede rihat
increase the ratio of RLC retransmissions.

Therefore, the main aspects that can potentially[16]
improve VolP quality performance with the current
systems are mainly to reduce the number of RLC
retransmissions by using unacknowledged mode,[17]
potentially use smaller jitter buffer sizes, anduee the
embedded VolP client processing delays. High qualit
VolIP in 3G networks will be possible. However,sttied
to improvements in several areas such as wirektsgonk
delay, client implementation, and client processiatay.
Finally, a main improvement developed while this
manuscript was in process is CS over HSPA, which[20]
improves capacity and thus, can allow operatordetay
VoIP deployment projects until networks and terrtsina
have better performance.
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