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Abstract of the Dissertation

Mobility Impact on VoIP Quality over Radio Access network

by
Seyong Park
Doctor of Philosophy
in
Electrical Engineering

Stony Brook University
2009

Voice over IP (VoIP) has been deployed over the wireline networks for the last
decade. It achieved remarkable success of the adaptation as the replacement of circuit
switched legacy voice service. It also enabled the service providers to converge data
and voice services over a single broadband network. This evolutionary activity has
been also initiated in the wireless network as the emergence of broadband wireless
network. VoIP has been initially applied to the Wireless Local Area Network (WLAN)
over 802.11a/b/g interface. It also has been applied to the Wireless Wide Area
Network (WWAN) since 3G networks were deployed. In addition, convergence of
wireline and wireless network would accelerate the adoption of VoIP application over

the wireless network.
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Within several key technical challenges such as transport efficiency and QoS, we
selected Voice quality assurance as the dissertation topic since it becomes more critical
issue on the mobility network, especially over the handoff period where the additional
packet transmission delay, jitter and loss occurs. We presents the enhanced packet
based VoIP quality monitoring and measurement method as well as a validation
method on a cross-check with the speech quality measurement.

We also presents an enhanced method for the VoIP quality measurement from
the existing E-model, and applied the method to the EVDO Radio Access Network
(RAN) as an experiment. The EVDO RAN has been deployed as 3G network in US
while it typically supports up to approx. 2Mpbs forward link and up to 153 kbps over
reverse link to offer data service an the evolution of CDMA2000.

However, EVDO also offers the technical challenge to overcome the performance
fluctuation upon the mobility. We address the technical issues on the existing E-model
when it is applied to the EVDO, and propose an enhanced method expanding the
existing E-model well suited to the VoIP over the EVDO. We also use the Anique+
for the reference to verify that the proposed solution produces the superior accuracy
to the existing E-model based measurement.

Once we analyzed the correlations between E-model and Anique+ as a reference,
we applied to the mobility impact on EVDO network by measuring the packet loss,
jitter and data throughput impact by the EVDO forward link handoff. We also
investigate the unvoiced frame effect on the packet loss by detecting the VoIP packet
type. Unvoiced frame type is useful to compromise VoIP quality impact by the burst

packet loss during the handoff since it takes more than 50% of the VoIP frames.
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We investigated the mobility impact on the VoIP service caused by the handoff,
and define a validation model with leverage of both E-Model and Anique+. Our
experimental analysis over the EVDO network proved the mobility impact on the
VoIP quality due to handoff. We achived the optimal size of receiver buffer and data
throughput that are recommended for VoIP application configuration to minimize the

mobility impact.



All glory to my Lord, Jesus Christ
To my wife, Sohee Kim,

my mother, Soon-Gu Yeo and my father Hee-Hyong Park



Contents

List of Figures X
List of Table xii
List of Acronyms xiii
Acknowledgements Xiv
1 Introduction 1
1.1 Voice over IP over the Wireless Network . . . . . ... ... ... .. 1

1.2 Overview of Related Researches . . . . . . . ... ... ... ... .. 3
1.2.1 Packet Level VoIP quality Measurement . . . . . .. ... .. 3

1.3 Main Contribution . . . . . . . .. ... oL 5
1.4 Organization of the Proposal . . . . . .. .. .. ... ... ... ... 5t

2 Comparative Analysis on VolP Quality Measurements 7
2.1 Introduction . . . . . . ... 7
2.2 RELATED WORKS . . .. ... .. ... . . . ..., 9
2.2.1 E-model based VoIP quality measurements . . . . . . .. . .. 9

2.2.2  Anique+ based VoIP quality measurement . . . . . . . . . .. 11

2.3 COMPARATIVE ANALYSIS OF VOIP QUALITY . . . ... .. .. 13
2.3.1 Jitter and speech distortion . . . . . ... ... 14

2.3.2 Packet loss vs. mute impact . . . . . ... ... 16

vii



2.4 SIMULATION EXPERIMENT . . ... ... ... ... ....... 17

2.4.1 Analysis on Packet loss - burst loss . . . . .. ... ... ... 18
2.4.2  Analysis on random packet loss . . . .. ... ... L. 20
2.4.3 Comprehensive Analysis . . . . . .. .. ... ... ... 20
2.5 Conclusion . . . . . ... 22
VoIP Quality measurement with structured frame information 23
3.1 Imtroduction . . . . . . . ... 23
3.2 RELATED WORKS . . . .. ... ... . ... 26
3.2.1 VoIP over Real-time Transport Protocol . . . . ... .. ... 26
3.2.2  Structured Information from the Encoded packet . . . . . .. 28
3.2.3 GSM over RTP using frame format on the payload . . . . .. 29
3.2.4  E-model based VoIP quality measurements . . .. ... ... 30
3.3 UNVOICED FRAME IMPACT ON VOIP QUALITY . . ... ... 32
3.3.1 Number of the unvoiced frames in the impairments . . . . . . 32
3.3.2 Imbedded control message on the unvoiced frames . . . . .. 33
3.3.3 Case Study: EVRC on CDMA RAN . ... .. ... ..... 34
34 Conclusion . . . . . . . . 36
Mbobility Impact on VoIP Quality over wireless network 37
4.1 Introduction . . . . . . . ... 37
4.2 Related works . . . . . ... 39
4.2.1 Layered transport architecture in mobile network . . . . . .. 39
4.2.2 Handoff over the mobile network . . . . . ... .. ... ... 41
4.2.3 RNC performance analysis and estimation . . . . ... . ... 45

viii



4.2.4 Mobility impact parameters on VoIP quality . . .. .. ...
4.2.5 Extended E-model based on mobility impact parameter . . . .
4.3 COMPARATIVE EXPERIMENT ON EVDO NETWORK . . . . ..
4.3.1 EVDO Handoft . . ... .. ... ... ... .. ... .....
4.4 ANALYTICAL MODEL . . . . .. ... ... ... ... ....
4.4.1 Phase I: HO factor modeling . . . . . . ... .. ... .. ...
4.4.2 Phase II: HO factor validation . . . . . .. ... .. ... ...
4.5 EXPERIMENT THROUGH TEST DRIVE . . ... ... ... ...
451 Testcasel . . . . . . . . o o
452 Test Case IT . . . . . . . .. ... .
4.5.3 Comprehensive Analysis . . . . . .. ... .. ... ... ...

4.6 Conclusion . . . . . . .

5 Future Research and Conclusion
5.1 Conclusion . . . . . . . .

5.2 Future research . . . . . . . ..

Bibliography

X

47

49

20

51

52

o4

95

o6

o8

60

61

63

63

64

66



List of Figures

2-1

2-2

2-3

2-5

3-1

3-2

3-3

3-5

4-1

4-2

4-4

4-5

4-6

VoIP quality test configuration . . . . . .. ... ... ... ... .. 18
Voice quality measurements upon the burst packet loss . . . . . . .. 19
Voice quality measurements upon the random packet loss . . . . . . . 20
MOS of ANIQUE+ and E-model voice quality measurements . . . . . 21
Correlations of Dy, and Dp from MOS . . . . .. ... .. ... ... 21
Payload header of G.729.1: Field Type . . . . . . . .. .. ... ... 27
Frame Type for EVRC and SMV codecs . . . .. ... ... ..... 28
G.729.1 Payload structure . . . . . . ... ... ... 29

The order of GSM 06.10 full rate speech codec parameters in the canon-

ical RTP encoding . . . . . . . .. ... ... .. 31
CDMA RAN traffic profile . . . ... ... ... ... ... .. ... 35
Layered mobile network architecture . . . . . .. ... .. ... ... 40
Handoff effect over the radio access network . . . . .. .. ... ... 42
Testing configuration . . . . . . . . ... ... L. 52
Handoff factor Modeling . . . . . . ... ... ... ... ... ... 54
HO factor validation process . . . . . . . . .. ... ... ... ..., 54
Measurement of the Packet Error Rate (CaseI) . . ... ... .. .. 57



4-7  Measurement of transmission jitter (Case I) . . . . . ... ... ... 57

4-8 Measurement of Actual data throughput (CaseI) . . ... ... ... 58
4-9 Measurement of the Packet Error Rate (Case IT) . . . . . .. ... .. 59
4-10 Measurement of transmission jitter (Case II) . . . . . ... ... ... 59
4-11 Measurement of Actual transmitted data (Case IT). . . . . . ... .. 60
4-12 Measurement of transmission jitter (Case III) . . . . .. ... .. .. 61
4-13 Measurement of the Packet Error Rate (Case III) . . ... ... ... 62

x1



List of Tables

4.1 Performance measurements at mobile station

xil



Acronyms

Acronym Definition

AG Access Gateway

ANSI American National Standards Institute
BTS Base Transceiver Station
CDMA2000 Code Division Multiple Access 2000
CINR Carrier to Interference-plus-Noise Ratio
DRC Data Rate Control

EVDO Enhanced Voice and Data Only
EVRC Enhanced Variable Rate Codec

FER Frame Error Rate

GGSN Gateway GPRS Support Node
GPRS General packet radio service

GSM Global System for Mobile communications
IP Interner Protocol

ITU-T International Telecommunicaiton Unit
MOS Mean Opinion Score MS Mobile Station
PDSN Packet Data Serving Node PER Packet Error Rate
PESQ Perceptual Evaluation of Speech Quality
PPP Point-to-Point

QoS Quality of Service RNC Radio Network Controller
RTCP Real-time Transport Control Protocol
RTP Real-time Transport Protocol

UDP User Datagram Protocol

VAD Voice Activation Detection

VoIP Voice over Internet Protocol

WLAN

Wireless Local Access Network

xiil




Acknowledgments

”When pride comes, then comes dishonor, But with the humble is wis-
dom.” Proverb 11:2

I am grateful to my wife, Sohee who’s supporting me with her prayer, sacrifice
on her professional career to raise kids as well as husband. Her love and support
is priceless and appreciated in God’s grace. I also thank my son John Jaeyeon and
Catherine Soohyun for their cheerful welcoming on coming home. I appreciate my
mother for the support and love on me for her entire life.

God is always good. 10 years ago, God handed me over Professor Sangjin Hong
who became not only a research advisor, but a dedicated mentor keeping me en-
couraged to complete the work. As my advisor, he showed me the role model as
the advisor in academy with his patience and kindness. His humility and hunger for
the knowledge engraved my heart as my attitude for my future career. My sincere
gratitude for him, and may God bless him and his family.

I thank Doug Kim and Do-Seok Kim for their collaborations, and other friends
and colleagues of Alcatel-Lucent including Peter Kim, Dr. Chang Kim and Dr. Jung
Ah Lee for their their comments and collaborations on the dissertation.

My special gratitude to Professor Dae-Joon Hwang in SunKyunKwan University
in Korea who motivated and encouraged me at the college to go out of the small cage

and learn the world. T also have many thanks to Mr. Andrew Chon for mentoring on



my professional career as well as marriage.
I also have my sincere gratitude for my families in Korea and the ones who’ve

been praying for me.



Chapter 1

Introduction

1.1 Voice over IP over the Wireless Network

VOICE OVER IP (VOIP) has been deployed in wireless network domain mainly
over data network. As the early stage, however, the VoIP service has been more
prevalent in the wireline network since it provided the consistent transport network
performance from the core network to the access network. However, VoIP still faces
many technical challenges in the mobile network due to the unpredictable transport

network performance as follows:

e Voice quality assurance:As a nature of the packet switched network, the voice
quality is not consistent due to the packet loss, delay and jitter while the circuit
switched network provides consistent voice quality. VoIP service should meet

the equivalent quality of the voice service over the circuit network.

e Transport efficiency enhancement: Since VolP traffic is transmitted over the



packet network, it requires the packet header containing the source and des-
tination address as well as other related control messages. Some VoIP packet
without header compression typically carries from 50% to more than 200%
packet overhead. For example, if we transmit 20-byte EVRC voice frame over
40-byte UDP/IP/PPP packet format, its packet overhead is 200%. Header
compression is a must-have function to carry VolP traffic over wireless network.

However, interoperability within the network systems are still remaining issues.

e Differentiation of the services and security: Since broadband network carries
mixture of different service traffic, VoIP traffic should be prioritized at the
internetworking systems in order to minimize the performance impact. How-
ever, End-to-End QoS architecture has many technical issues from scalability

perspective.

In order to assess the voice quality over the packet switched network, ITU-T
initiated the voice quality assessment standard, and defined several models supporting
various stages including network planning to network maintenance. As a subjective
test, Mean Opinion Score (MOS) has been used for the traditional source of the voice
quality test. MOS is a standard way to evaluate the voice quality conducted by the
subject group testing in the strictly controlled environment. Even though MOS is
a popular method to determine the voice quality for the device such as codec, due
to the restriction on the testing environment, it may not be feasible to measure the
voice quality over real service network systems. Objective tests have been proposed to

overcome this constraint, and conduct the voice quality test with relatively less cost.



The objective test is to measure the voice and audio quality employing measurement
test systems with the knowledge of the input data.

E-model based model also became another method to monitor and measure the
voice quality with account of packet network’s performance monitoring. It monitors
the packet network by measuring such as packet delay, loss and jitter that are part
of key performance index, and provides the computed assessed voice quality over the
network.

This document presents a proposal of an E-model based voice quality measurement
model employing the mobility impact. Existing E-model was designed on a wireline
network. In addition, this document also use Anique+ [16] as the reference to vali-
date the measurement accuracy of the proposed method. Anique+ is a non-intrusive
model recently standardized in ANSI. Auditory non-intrusive quality estimation plus
(Anique+) [16] is a perceptual model to estimate the speech quality without reference

information while it simulates the functional role of human auditory system.

1.2 Overview of Related Researches

1.2.1 Packet Level VolP quality Measurement

E-Model is a computational model used for the transport network plan. Given various
input parameters such as end-to-end delay, echoes, side-tones, loudness, the E-model
calculates a scalar quality rating value, R, which corresponds the overall conversa-

tional quality. While ITU-T G.107 [4] presents E-model overall parameters used for



the R factor computation, companion recommendations including G.113, G.108 and
G.109 [5] [6] [7] provide further guidance about specific codec related speech impair-
ments, E-model applications and definitions of transmission quality. Since E-model
is defined as framework for the network planning method, there is limited accuracy
on the measurement of the voice quality. This leads many proposals on enhancement
and extension of the current E-model. Ding and Goubran [11] investigated the effect
of packet loss and delay jitter in E-model and proposed the extension of E-model with
a new formula. Sun and Ifeachor [10] presented a combined method of E-model and
PESQ in order to enhance the accuracy of the voice quality measurement. In [23], Sun
and Ifeachor also investigated the impact of the packet loss location on the voice qual-
ity. Their experiment showed that the unvoiced speech segment showed less impact
on the perceived speech quality. They also analyzed that packet loss of the beginning
of the voiced segments have more severe impact than the end of the voiced segments.
Even though the location of packet loss affects the voice quality, it is very difficult to
distinguish the VoIP packet in terms of voiced versus unvoiced segment. Typical VolP
network carries the encoded voice segments over RTP [18] frames. RTP header [22]
contains the codec type information, but it does not provide whether or not it carries
voiced segment. However, RTP payload [19] [21] provides an information indicating
what kind of information is carried over the RTP frame. RFC-4749 [21]defines the
RTP payload structure for the ITU-T G.729.1 codec data. Its Frame Type field spec-
ifies the frame type with frame size. If the RTP frame carries non-speech data, its
decimal value is set to 15. Using this information, we would analyze how the frame

type affects the VoIP quality measurement. We also use Gole and Rosenblush’s [9]
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expand E-model in our work as reference in this paper.

1.3 Main Contribution

The objective of this study is to provide an enhanced VoIP measurement method at
the packet level monitoring and measurement. Speech quality measurement should
be the optimal course to measure the VoIP quality. However

Three main contributions are summarized in the following:

e Identification of the VoIP quality correlation between packet and speech do-

mains

e Expanded E-Model based VoIP quality measurement with the cross-layer packet

inspection

e Employment of the mobility factor in the packet level VoIP quality measurement

and monitoring

1.4 Organization of the Proposal

The remainder of this report consists of three sections with the following summary:

e Study of the correlations of the VoIP quality measurement between Packet level
based and Speech quality: Chapter 2 presents the study to investigate the dis-
crepancy of existing E-model based VoIP quality measurement method from the

emerged speech quality measurement method. Anique+ that became an ANSI



standard was used to measure the voice quality over the VoIP service. From
this study, I proposed an expanded E-Model based VoIP quality measurement

method that would enhance the correlation to the speech quality measurement.

e Expanded E-model for VoIP quality measurement with the employment of
packet information: Chapter 3 presents the detailed study on the application
layer packet structure that can be exploited to figure out the packet information
type that can be either voice or non-voice frame. This chapter presents the sev-
eral techniques to compose the traffic type upon the codec type, and estimation

of the VoIP quality measurement accuracy by employing the traffic type.

e Mobility impact on the expanded E-model: Chapter 4 presents the impact
of the handoff on the VoIP quality. Mobility is the key element of wireless
network. Mobile station performs the handoff when it approaches the edge of
the serving node. As part of the handoff process, there is a short period that
transmission of the VoIP packets are intermitted caused by the packet discard,
call control transfer as example. This intermission has not been considered
as packet loss while it is heavily affected to the speech quality. This chapter
investigate the handoff behavior of several wireless technologies and present an

enhanced method to assess the mobility impact over the expanded E-model.

In Section 5, T would present the remaining issues and future works that will be

pursued as part of the thesis.



Chapter 2

Comparative Analysis on VolP

Quality Measurements

2.1 Introduction

VOICE OVER IP (VOIP) has been deployed in wireless network domain mainly over
data network. As the VoIP becomes more prevalent in the main stream of the tele-
phony service, quality measurement became a crucial issue. ITU-T initiated the voice
quality measurement standard, and defined several models supporting various stages
including network planning to network maintenance. As a subjective test, Mean
Opinion Score (MOS) has been used for the traditional source of the voice quality
test. The MOS is a standard way to evaluate the voice quality conducted by the sub-
ject group testing in the strictly controlled environment. Even though the MOS is the
most effective method to determine the voice quality for the device such as codec, it

may not be applicable to measure the voice quality over real service network systems



due to the restriction on the testing environment. Objective tests have been proposed
and standardized for measuring the voice and audio quality by a measurement test
systems. According to the knowledge of the input data, the objective tests can be
described as intrusive models or non-intrusive models. A recent paper by Antony W.
Rix et. al. [1] described details about these models with exemplary standards.
E-Model is a computational model used for the transport network plan. Given
various input parameters such as end-to-end delay, echoes, side-tones, loudness, the
E-model calculates a scalar quality rating value, R, which corresponds the overall con-
versational quality. While ITU-T G.107 [4] presents E-model overall parameters used
for the R factor computation, companion recommendations including G.113, G.108
and G.109 [5] [6] [7] provide further guidance about specific codec related speech
impairments, E-model applications and definitions of transmission quality. Since E-
model is defined as framework for the network planning method, there is limited
accuracy on the measurement of the voice quality. This leads many proposals on
enhancement and extension of the current E-model. Ding and Goubran [11] investi-
gated the effect of packet loss and delay jitter in E-model and proposed the extension
of E-model with a new formula. Sun and Ifeachor [10] presented a combined method
of E-model and PESQ in order to enhance the accuracy of the voice quality measure-
ment. Gole and Rosenblush [9] expand the use of E-model to the VoIP performance
monitoring tool by exploiting transport-level metrics for the purpose of monitoring
conversational voice quality. This method was used for several papers as reference
model to determine the VoIP quality. Their method is used in our work as reference

for the comparative analysis with ANIQUE+ model.



This paper presents the measurement of the VoIP quality in the packet and the
speech domains, and provides the analysis illustrating the correlation between packet
level impairments and speech level distortion. In this paper, we use ANIQUE+ [16]
that is a non-intrusive model recently standardized in ANSI. Auditory non-intrusive
quality estimation plus (ANIQUE+4) is a perceptual model to estimate the speech
quality without reference information while it simulates the functional role of human

auditory system.

2.2 RELATED WORKS

2.2.1 E-model based VoIP quality measurements

Many researches have used metrics based on the E-model in order to predict the VoIP

quality. As defined in ITU-T G.107 [4], R value is derived as follows:

R=Ry—1I,—I,— I+ A, (2.1)

where Ry is the original voice quality including noise source; I is a combined impair-
ment related to the voice signal; I; represents the impairments related to the delay
of the voice signals including echoes and one-way transmission delay; I, is equipment
related impairments such as random packet-loss that is typically caused by the low-
bit rate codec. G.113 [7] provides codec specific I, values. The advantage factor A
can be applied if there are other advantages of access to the user. G.107 [4] provides

several default values upon the access transport types as recommended upper limit



for the network planning engineer. Cole and Rosenblush [9] extended the use of E-
model from the network planning tool to network monitoring tool with simplified R
value computation within the transport level measurement including delay, jitter and

packet loss as

R~ 942 —0.024d + 0.11(d — 177.3)H(d — 177.3) — 71 — yaln(l + y3¢)  (2.2)

where 71, 72, 73 are specified in [9] upon the codec type and H(x) is Heavy-side
function, for all x > 0, H(x) yields 1 and for all x<0, it yields 0. They used the
default value of I defined in [4] and reduced the expression of the R factor.

As defined in G.107, R factor can be translated to the estimated M OSg as follows:

UserR=94—1;,— 1], (2.3)

I" =1+ (k(I; — I.))e ¥/t (2.4)

e

Where K is constant with a nominal value of 0.7, ¢3 is a time constant (typically
30 - 60 seconds), and y is the time delay since the last burst.
As defined in G.107, R factor can be translated to the estimated MOS (i.e.

MOScqr) as follows:

10



MOSCQE = 1,R<O,
= 1+0.035R+ R(R — 60)(100 — R)7-107%,0 < R < 100,

= 4.5,R > 100,

2.2.2 Anique+ based VolP quality measurement

Anique+ consists of three models that are Frame distortion Dg, Mute impact D, and
Non-speech impact Dy models. Anique+ computes the overall objective distortion

Dy by sum of the three distortions as follows:

Dx = Dp+ Dy + Dy (2.5)

Dy is translated to the estimated MOS to yield objective speech quality @) x:

Q. = —3.5min(D,, 1) + 4.5 (2.6)

The Dpg is modeled from the distortions of speech and audible background noise

depicted as follows:

Dp = Dg+ Dy (2.7)

Dy is the distortion in speech that is obtained by accumulating frame distortions

for active speech over time and normalized by the total number of active speech frame

11



Dg = Ti > X(m) (2.8)

mesS
where X (m) is the output of frame distortion model ranging from 0 to 1 at the m;h

frame. Dp is the distortion in the audible background noise and is estimated as

Dy = TLB S {ar(Pons(m) — P+ Be)} X (m) (2.9)

mepS

where P,,,(m) is the DC-value of modulation power spectrum at the my, frame,
Py, is the threshold for audible background noise. Tpg is the number of frames for
background noise, oy and [ are weighting factors. X(m) is the output of the frame
distortion model that Anique+ [16] uses. D) is a mute impact model to detect
the unnatural mutes in speech signaling and estimate the impact on the perceived
quality. Unnatural mutes become the most common distortion caused by the poor
voice activity detection (VAD) in digital transmission network such as burst packet
drop. Unnatural start and stop are detected on the mute impact model. D), is

modeled as follows:

Dy (t) = Z exp {M} ~u(t —t;) (2.10)

T

Where u(x) is a unit step function, which is 1 for x > 0 and 0 for = < 0, and v;
is the instantaneous distortion of the i-th mute at time ;. For each mute, perceived
distortion is raised by the amount of v; at the end of the mute event and decays

over time with the time constant 7. The instantaneous distortion of the i-th mute is

12



estimated by

Vi = piloga(L;) + Py (2.11)

where L; is the length of 7;h mute and p; and p, are constants. Dy is a non-speech
model detecting and estimating the impact of the annoying non-speech activities such
as a distortion of bit information in the voice packets. Speech decoder may generate
annoying non-speech sounds upon receipt of the distorted non-speech activities. Dy
is the impact of non-speech estimated to be proportional to the accumulated frame

log-power (pgec) in the non-speech activity region as

DN = QIPacc + ¢ (212>

where ¢; and g9 are constants. With these distortion models, Anique+ should
perform the training procedure so that the model can estimate the distortion level on

speech signals.

2.3 COMPARATIVE ANALYSIS OF VOIP QUAL-

ITY

Even though the E-Model and the ANIQUE+ estimate voice quality in different
domains, we expect that a similarity might exist to some extent in the attributes
of these methods as packet loss and jitter impairment affect the resulting speech

waveform as well as the R factor of E-Model. Specifically in speech waveform domain,

13



jitter impairments can be realized as unnatural speech, which can be reflected as
the frame distortion, Dp, in the ANIQUE+. In addition, bursty packet loss can
result in unnatural mutes in speech waveforms which in turn can be explained by the
mute distortion, Djy;. We investigate the correlations between the E-model and the

ANIQUE+ in the following aspects:
e Jitter and frame distortion
e Packet loss vs. mute impact

We use the E-models that Cole and Rosenblush [9] specified as primary references in
order to perform the comparative analysis with the ANIQUE+. We further extend

their models with employment of packet error factors.

2.3.1 Jitter and speech distortion

Excessive packet transmission delay may affect the conversational voice quality caused
by the loss of the packet synchronization in the codec. Packet transmission jitter is
another cause of the irregular voice quality. In Anique+, speech distortion model is
used to detect similar occasion to the transmission jitter by monitoring active speech
signal as well as audible background noises.

Packet transmission jitter may occur by packet buffering at the transmission node
or communication host such as I/O buffer and application memory. In [8], Packet

transmission delay due to jitter buffering was added to the one-way delay. Further, [9]

14



presents the probability of packet loss due to the jitter as follows:
ejitter ~ P{l > bg} (213)

where 1 is jitter length, bg is the jitter buffer size. The impact of jitter on voice
quality can be reflected in different manner by the far-end listeners depending on
different jitter buffer management algorithms and packet sizes. In the decoding of
speech packets, the impact of jitter can be implemented as deletion, insertion, and
contraction of speech packets. And the resulting speech waveform may or may not
suffer from voice quality degradation depending on the location and degree of jitter
distortions. The ej;e, Will be compared with the D specified in (7). Using Pearson
product-moment correlation coefficient [17], Correlation function between ej., and

Dy is defined as follows:

C - n Z ejittenDFi - Z ejitteri Z l)FZ
=
V7S Bt — (S st Jn 2 D, — (5 D

(2.14)

where Cr is correlation function between 0 and 1, and are expected values. This
study also imposes the difference in distortion source between two methods. Coding
distortions as well as distortions caused by jitter are blended into Dg, whereas €jiyer
considers jitter distortions only. However, our test assumes that there is no coding

distortion.
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2.3.2 Packet loss vs. mute impact

Over the VoIP network, consecutive packet losses become the most common cause
of unnatural mute from voice quality perspective. Random packet loss effect was
measured and presented in [7], for example on G.729a codec, with 49 as largest I,
value for the case of an average packet loss of 16%. The measured I.; sequentially
increases upon the increase of the average packet loss. Cole and Rosenblush [9] defined

the packet loss effect I as follows:
[ef ~ v+ ’}/QZTL(Z + ”)/36) (2.15)

where e is the total loss probability and the ~;’s are fitting parameters and variable
upon the codec type. They also analyzed difference between random and burst packet
loss. From the measured data using G.711 codec, they observed that the I., will
significantly increase when the burst packet loss is greater than 4%. In our experiment
using G.711 codec of the following section, we use their model employing the random
and burst error in order to compare with mute impact on Anique+, however, we

refine the e to e+ as defined below:

Ls ~30In(1+ 15e*)H(0.04 — e*) + 19In(1 + 70e*)H (et — 0.04) (2.16)

et = % <XN: Ci> .0.01 (2.17)

where e+ is average packet loss ratio over the testing period, and H(x) is Heavyside

function, for all x > 0, H(x) yields 1 and for all z < 0, it yields 0. H(x). We also
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apply the I.; to the receny effect as depicted in (2-4). Correlation function between

I.; and D)y is defined as follows:

Cyy = nzlefz‘DMi _Z‘[efizDMi (2.18)
VX I = (1) /n X DYy, = (X Doy, ?

where (') is between 0 and 1, and are expected values.

2.4 SIMULATION EXPERIMENT

From the comparative analysis, we defined correlation functions Cr and C};. The
Cr is correlation between packet delay/jitter and speech distortion, and the C); is
correlation between packet loss and mute distortion. Simulation experiment has been

done on the packet loss impairments as follows:
e Measurement of packet loss (e.g. random loss and burst loss)

e Measurement of MOS from E-model and ANIQUE+ with Dr and D),

As illustrated in Figure 2-1, we performed the simulation to compare the voice
qualities upon the impairments on voice frames from speech and packet level measure-
ment. As the analysis tools, we used the ANIQUE+ for speech quality measurement
and G.107 E-Model for the packet level voice quality measurement.

We also used a free software [18] [19]to generate the impairments on the sample
voice frames. Mute impairments were implemented to 10 speech files from 5 female

and 5 male talkers. The length of each speech file is about 8 seconds long and
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E-model - ouality (MOS)

Figure 2-1: VoIP quality test configuration

contains a sentence pair. For simplicity, we assumed that the payload size is 60 msec
and replaced the impacted parts of speech with silence in waveform domain.

From the simulation tests, as depicted in Table 1 and Table 2, we obtained average
numbers of the measurement attributes as the quality metrics including Dg, D,/,
MOS,, R and MOSEg, where Dy, Dy; and MOS 4 is given by the ANIQUE+ and R
and MOSg are given by the E-model based computation.

During the simulation, we could observe that both the E-model and the ANIQUE+
produced erroneous results upon the packet loss. However, normalized results from
10 speech files seem to be reasonable to see the similarity between the ANIQUE+

and the E-model based voice quality measurement.

2.4.1 Analysis on Packet loss - burst loss

On the burst packet loss simulation, we generated a single burst packet loss within
the voice frame, and measured the voice quality impacts. Since we used clean speech
material that doesn’t contain audible background noise, it is not necessary to con-

sider Dp in equation (2.9). We used the E-model with burst mode derived from the
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0ms 60ms 120ms 180ms 240ms
Dy 0.252 0.261 0.270 0.201 0273
Dy 0.008 0078 0.101 0.123 0.130
MOS, 354 3.30 3,15 300 307
R 042 850 803 760 24
MOS; 4.5 4) 40 39 37

Figure 2-2: Voice quality measurements upon the burst packet loss

equation (2.16).

As shown in Figure 2-2, the burst packet loss increased the speech distortion as
well as mute impact. We also observed high correlations between the voice quality
degradation and the mute impact from the ANIQUE+ test. As presented in Figure
2-2, both ANIQUE+ and E-model provide lower voice quality scores as we have
more impairments. Also, MOS4 and MOSg are highly correlated each other. This
provides the validation of the E-model method to measure the voice quality on the
real network.

It has to be noted that there’s a gap between MOS4 and MOSE scores, and
MOS 4 doesn’t reach its maximum value of 4.5 when there’s no impairment. This
is due to the variability of talker and speech utterances for which ANIQUE+ has
not been validated. This problem is common to all speech waveform-based objective

models up to now.
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0 ms 60ms 120ms 180ms 240ms
Dg 0.252 0.248 0.241 0.249 0.254
Dy 0.008 0.051 0.085 0.151 0.197
MOS, 354 340 3.34 308 290
R 042 8260 803 760 124
MOSg 45 436 420 421 413

Figure 2-3: Voice quality measurements upon the random packet loss

2.4.2 Analysis on random packet loss

We performed another simulation for the random packet loss. We used the E-model
with random packet loss model derived from equation (2.16). From the test result,
we could also observe a similarity in results between the E-model and the ANIQUE+.

As presented in Figure 2-3, the mute effect is a primary source of the voice quality
degradation. We also observed similar results to the first simulation test from the
MOS scores from ANIQUE+ and E-model method. We also observed that the random
packet loss provides more consistent voice quality degradation than the burst packet
loss that showed a flip result at 240 msec burst packet lost. It was observed that the
speech distortion at 240 msec burst packet loss decreased compared to small packet

losses. We left the root cause analysis for the future study.

2.4.3 Comprehensive Analysis

Combined with burst andrandom packet losses, we found that there are strong cor-
relations between ANIQUE+ and E-model based voice quality measurements. As

illustrated in Figure 2-4 and depicted in Table 2-5, we found there are over 95%
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Figure 2-4: MOS of ANIQUE+ and E-model voice quality measurements

Dm DF MOS
Burst Packet Loss 0.98 0.1 0.96
Random Packet Loss 0.97 0.79 0.95

Figure 2-5: Correlations of Dy, and Dp from MOS

correlations in quality measurements between ANIQUE+ and E-model.

From the results of Figure 2-5, we also confirmed that mute impact is the primary
source of the quality distortion in the pack loss impairments from the simulation
test while the speech distortion was limited to the quality degradation at the random
packet loss. Speech distortion might be affected by the number of packet-loss locations

where the random packet loss typically incurs.
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2.5 Conclusion

We conducted the comparative analysis between the expanded E-model and the
ANIQUE+. From the exhaustive simulation tests, we could achieve reasonable results
to show the high correlation between the E-model and the ANIQUE~+. However, we
also realized that there are many challenging areas that we should further investigate
including the unvoiced frame effect, jitter modeling and validation. We also want to

do further investigation over the live wireless network for the future work.
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Chapter 3

VoIP Quality measurement with

structured frame information

3.1 Introduction

VOICE OVER IP (VOIP) has been deployed in wireless network domain mainly over
data network. VoIP has become a critical application for the wireless network to
fulfill the flexible and cost-effective voice service over packet network. One of the
technical challenges in VoIP over wireless network is to maintain the voice quality
due to the dynamic traffic characteristics. As the VoIP becomes more prevalent in
the main stream of the telephony service, quality measurement became a crucial issue.
ITU-T initiated the voice quality measurement standard, and defined several models
supporting various stages including network planning to network maintenance. As a
subjective test, Mean Opinion Score (MOS) has been used for the traditional source of

the voice quality test. MOS is a standard way to evaluate the voice quality conducted
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by the subject group testing in the strictly controlled environment. Even though
MOS is the most effective method to determine the voice quality for the device such
as codec, due to the restriction on the testing environment, it may not be applicable
to measure the voice quality over real service network systems. Objective tests have
been proposed and standardized. As a substitute, objective test is to measure the
voice and audio quality by a measurement test systems. According to the knowledge
of the input data, objective tests can be described as intrusive models or non-intrusive
models. A recent paper by Antony W. Rix et. al. [1] described details about these
models with exemplary standards. In this paper, we will use Anique+ [16] that is
a non-intrusive model recently standardized in ANSI. Auditory non-intrusive quality
estimation plus (Anique+) [16] is a perceptual model to estimate the speech quality
without reference information while it simulates the functional role of human auditory
system.

E-Model is a computational model used for the transport network plan. Given
various input parameters such as end-to-end delay, echoes, side-tones, loudness, the
E-model calculates a scalar quality rating value, R, which corresponds the overall con-
versational quality. While ITU-T G.107 [4] presents E-model overall parameters used
for the R factor computation, companion recommendations including G.113, G.108
and G.109 [5] [6] [7] provide further guidance about specific codec related speech
impairments, E-model applications and definitions of transmission quality. Since E-
model is defined as framework for the network planning method, there is limited
accuracy on the measurement of the voice quality. This leads many proposals on

enhancement and extension of the current E-model. Ding and Goubran [11] investi-
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gated the effect of packet loss and delay jitter in E-model and proposed the extension
of E-model with a new formula. Sun and Ifeachor [10] presented a combined method
of E-model and PESQ in order to enhance the accuracy of the voice quality mea-
surement. In [23], Sun and Ifeachor also investigated the impact of the packet loss
location on the voice quality. Their experiment showed that the unvoiced speech
segment showed less impact on the perceived speech quality. They also analyzed that
packet loss of the beginning of the voiced segments have more severe impact than the
end of the voiced segments. Even though the location of packet loss affects the voice
quality, it is very difficult to distinguish the VoIP packet in terms of voiced versus
unvoiced segment. Typical VoIP network carries the encoded voice segments over
RTP [18] frames. RTP header [22] contains the codec type information, but it does
not provide whether or not it carries voiced segment. However, RTP payload [19] [21]
provides an information indicating what kind of information is carried over the RTP
frame. RFC-4749 [21]defines the RTP payload structure for the ITU-T G.729.1 codec
data. Its Frame Type field specifies the frame type with frame size. If the RTP frame
carries non-speech data, its decimal value is set to 15. Using this information, we
would analyze how the frame type affects the VoIP quality measurement. We also
use Gole and Rosenblush’s [9] expand E-model in our work as reference in this paper.

This paper presents an expanded E-model employing the RTP packet header in-
formation to analyze the impact of the packet type on the VoIP quality impairment.
We identified the performance impact by the unoviced frame type that normally oc-
cupies more than 50% of the entire voice frames as positive attribute on the VoIP

packet loss.
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3.2 RELATED WORKS

3.2.1 VoIP over Real-time Transport Protocol

Real-time Transport Protocol (RTP) [18] provides end-to-end transport function for
the applications transmitting real-time data such as voice, audio and video. It has
been widely used to transfer the encoded voice traffic. In RTP header, there are
several fields such as version, padding enclosure, payload type, sequence number and
timestamp. Payload Type (PT) field is to identify the medium type to be carried
over the RTP frame. In VoIP application, it is used to determine the encoder type.
Sequence number is used by the receiver to detect the pack loss and restore the packet
sequence. Timestamp field reflects the sampling instant of the first byte in the RTP
data packet. It is used for the synchronization and jitter calculation. It is dependent
on the payload format that is normally determined by the payload type (e.g. encoder
type). RTP Control Protocol (RTCP) provides monitoring and report functions based
on the periodic transmission of the control packets to the participants in the RTP
session. Its primary function is to report the quality of the RTP transmissions. Upon
the reports, the application may optimize its encoding controls. The RTP payload
format is also defined upon the codec type that is specified in the PT field since each
codec generates its own packet format. For example, The RTP payload format for
G.729.1 audio codec is specified in RFC 4749 [21]. RTP payload format for EVRC
codec is also specified in RFC3558 [24]. Each standard also defined the frame type
that depicts the encoding rate and frame size of the payload. Four-bit FT field

of G.729 payload header over RTP [21] is defined in Figure 3-1. The FT value 15
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FT Encoding rate Frame size

0 8 kbps 20 bytes
1 12 kbps 30 bytes
2 14 kbps 35 bytes
3 16 kbps 40 bytes
4 18 kbps 45 bytes
5 20 kbps 50 bytes
6 22 kbps 55 bytes
7 24 kbps 60 bytes
8 26 kbps 65 bytes
9 28 kbps 70 bytes
10 30 kbps 75 bytes
11 32 kbps 80 bytes
12-14 | Reserved

15 NO_DATA 0

Figure 3-1: Payload header of G.729.1: Field Type

indicates that there is no audio data in the payload. It may be used to perform the
flow control by updating the MBS value where the maximum receivable bit rate is
defined. RFC3558 also defined the 4-bit frame type in the Table of Content entries. It
describes the different encoding rates of EVRC and SVM codecs with variable frame
sizes. This F'T information should be used what type of frame is lost, and determine
how much the packet loss will affect the VoIP quality in RTP level. We facilitate the
frame type information to analyze the difference in the VoIP quality impact upon the

packet loss from the transport level.
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FT Rate Frame size

0 Blank 0 byte

1 1/8 2 bytes

2 1/4 5 bytes

3 1/2 10 bytes

4 1 22 bytes (171 bits with 5 padding
bits end with zeros)

5 Erasure | O (will be dropped)

Figure 3-2: Frame Type for EVRC and SMV codecs

3.2.2 Structured Information from the Encoded packet

Some codec type also provides Encoded embedded control information on the encoded
payload. In addition to the frame type field in the RTP payload header, embedded
control information will enhance the performance of the packet level VoIP quality
measurement. However, this approach also requires more cost that the VoIP mea-
surement tool performing the deep packet inspection. As illustrated in Figure 3-3,
G.729.1 codec provides bit stream ranged from 20 bytes to 80 bytes upon the encod-
ing rate from 8 kbps to 32 kbps. In L2 payload on 12 kbps encoding rate, there is
class information bits defined in order to enhance frame erasure concealment. Class
information bits present if the payload contains voiced segments or unvoiced segments
with the corresponding signal information that are either onset or transition. Onset
comprises all voiced frames with stable characteristics, and transition presents rela-
tively weak characteristic so that the class might be changed. For example, voiced
transition seems to move to the unvoiced onset class, and unvoiced transition would
move to voiced onset class. However, this class information is not available for L1

8 kbps encoding rate. This may limit us to apply the class field to overall G.729.1
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L1 12 13 ... L12
(160 bits) | (80) | (40)...... .(40)

SYNC
NBIT

Figure 3-3: G.729.1 Payload structure

codec. However, we decided to use this field as part of this study to analyze how the

embedded control information enhances the VoIP quality measurement.

3.2.3 GSM over RTP using frame format on the payload

When the GSM frames are carried over the RTP frames, it provides different frame
formats upon the voiced and unvoiced frames. As part of the Internet Protocol
Harmonization Over Networks (TIPHON) project, ETSI TS 101 318 [25] defines the
GSM codec frame formats upon the encoding rate as well as frame type in terms of
voice and unvoiced information. RTP encodings are defined in terms of the GSM
codecs, which are full-rate [26], half-rate [27] and enhanced full-rate [28] GSM codecs.
The bits of the codec parameters are located in the same way as they are defined in
the respective codec specifications [26] [27] [28]. For example, RTP encoding for full-
rate GSM codec [26] defines 264 bits beginning with 4 bit of signature in addition to
260 bits of CSM codes as depicted in Table 3. For the unvoiced frame that is defined
as silence indication frame (SID), it is identified by particular bits of SID code word

consisting of 95 bits Xn(i) parameters in the error protection class I, which all shall
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be 0 (see figure 3-4 in ETS 300 909 [11]). These bits are:

e the most significant bit (bit number 2) of all Xn (0..12) parameters in every

sub-frame

e the middle bit (bit number 1) of the Xn(0..12) parameters in sub-frames 1, 2

and 3
e the middle bit (bit number 1) of the Xn(0..3) parameters in sub-frame 4.

In addition to the full-rate GSM codec, RTP encoding also supports half-rate (GSM
60.20 [27]) and enhanced full-rate (GSM 60.60 [28]) codec. Similar to the full-rate
GSM codec RTP encoding, both GSM codecs of RTP encoding support the SID frame.
Half-rate GSM codec [27] of RTP encoding sets the SID codeword consisting of 79
bits with ’1’. Enhanced full-rate GSM codec of RTP encoding sets SID codeword
consisting of 95 bits with ’1°.

It should be more effective to estimate the VoIP quality if the measurement ex-

ploits the SID frame format to detect the unvoiced frames.

3.2.4 E-model based VoIP quality measurements

Since wireless network transmits the VoIP traffic over multiple network nodes, its
quality may be inconsistent upon the topology (e.g. the number of nodes), RF con-
ditions (e.g. signal interference or transmission power) and mobility (e.g. handoffs).
A capacity study [12] over Ad Hoc wireless Network showed that the each node may

get the end-to-end throughput equivalent to O(), where n is the number of hops. De-
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Figure 3-4: The order of GSM 06.10 full rate speech codec parameters in the canonical
RTP encoding

crease of the end-to-end link capacity will cause the voice quality degradation directly
or indirectly upon the traffic low control.

An experimental test [14] also showed that the VoIP capacity significantly de-
creased upon increase of the number of hops. Many researches used metrics based
on the E-model in order to predict the VoIP quality. As defined in ITU-T G.107 [4],
R value is defined in Equation (2.2) Gole and Rosenblush [9] extended the use of
E-model from the network planning tool to network monitoring tool with simplified
R value computation within the transport level measurement including delay, jitter
and packet loss as defined in Equation (2.3). We applied the equation proposed by
Gole and Rosenblush [9] to the initial experiment to estimate the R value of VoIP

quality over the wireless network.
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3.3 UNVOICED FRAME IMPACT ON VOIP

QUALITY

In the former study [30], we investigated the correlation between the packet level
VoIP quality measurement using modified E-Model and the speech level VoIP quality
measurement using Anique+ from the following perspectives: ” Packet transmission
delay /jitter and speech distortion ” Packet loss vs. mute impact In this study, we fur-
ther expand the previous VoIP quality measurement [30] with the exploit of unvoiced
frame impact by detecting the VoIP frames as either voice or unvoiced packet. There
are two factors that we considered for the primary attributes in terms of the unvoiced
frame impact on the VoIP quality measurement as follows: ” The number of unvoiced

frames in the impairments ” Imbedded control message effect on the unvoiced frames

3.3.1 Number of the unvoiced frames in the impairments

The loss of the unvoiced frames may affect VoIP quality much less than the one of the
voce frames. From the previous study regarding the VoIP QoS [33], it was assessed
that more than 50% of entire conversation may carry the unvoiced frames due to
the voice activity. We investigated the unvoiced frame impact on the VolP quality
with the range of the occupancy from none to 60%, and applied to the Ief and R
factor based on the equation (3). We revisit the equation (2.15) and revise it with

the unvoiced frames loss factor as follows:

12~ i+ (v2 % Min(l+ (73 % Ae) (3.1)
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,where the X is the voice activity factor.

3.3.2 Imbedded control message on the unvoiced frames

Depending on the codec implementation and applications, even though the packet
carries unvoiced frame, it may also contain embedded control messages such as flow
control, power control messages. For example, over the wireless network, if the un-
voiced packet carrying the power control message is discarded, the mobile would
assume that it should increase transmission power that might cause interference to
other mobiles. In addition, the VoIP application protocol may also be affected to
maintain the connection state by the impairment of the unvoiced packets. Typi-
cal wireless VoIP applications maintain the connectivity verification not only in the
transport layer such as using the TCP timeout, but also in application layer using
embedded counter. Even though the TCP timeout is typically used in the VolP
application over the wired Internet, it may be too long to be used in a wireless envi-
ronment especially where the packet loss may cause the performance degradation to
other mobiles due to the interference result from the power control corruption. In out
study, we assume that the VoIP application may use the application layer embedded
control messages, and consecutive packet loss of the control message will cause the
call session termination. We also ranged the number of the consecutive packet loss
from 3 to 60 that is equivalent to 60 msec to 300 msec. We add this factor as an

additional attribute to the equation (3.1), and define the following:

IE~m+ (2 (A4 0)In(l + (v3 % (A +6))e) (3-2)
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We also investigate how the timer of the consecutive packet loss reflects the Ie* as

well as R factor.

3.3.3 Case Study: EVRC on CDMA RAN

We performed the packet loss simulation to analyze the unvoiced frame effect. As
shown in Figure 3-5, EVRC Rate Set 1 provides four different frame types. We only
uses three frame types including full rate with 22 bytes, half rate with 10 bytes and
1/8 rate with 2 bytes.

Full rate and half rate of voice frame carries the voice information while 1/8 rate
carries unvoiced frame that is due to the voice activity effect. We also collected the

field data that are distributed as follows:
e 40% of Full rate frame
e 10% of Half rate frame
e 50% of 1/8 rate frame

We only considered the bearer traffic since it is carried over UDP/IP that does not
support for the retransmission while the call control messages over TCP/IP supports
for the retransmission upon the packet loss. Hence we excluded the amount of the
control traffic allocation from the VoIP quality effect estimation. In addition, we also
allocated 10% of the entire traffic to call control messages such as call processing,
OAM messages. Since 1/8 rate unvoiced frame does not affect the voice quality, we

exploit the loss of 1/8 rate frame as unaffected packet loss. As depicted in Figure
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EVRC (Rate set 1 8.55Kbps)

traffic Traffic EVRC VolP Packet overhead Total |Occupancy (%)| Packet loss Actual VolP
type |allocation (%) frame UDP/IP L2 Impact weigh | quality impact
full rate 22 28 6 56 36% 65% 23%
half rate 10 28 6 44 9% 29% 3%
bearer 1/4 rate 4 28 6 38 0% 0% 0%
traffic 90% 1/8 rate 2 28 6 36 45% 6% 3%
Total 38 112 24 174 90% 100% 29%
Call Control traffic
Signaling
frame TCP/IP L2
control
message 10% 64 40 12 116 10%|N/A N/A

Figure 3-5: CDMA RAN traffic profile
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3-5, we computed the actual packet loss effect with consideration of unvoiced frame

effect as 29%.

3.4 Conclusion

In this Chapter, we studied how the unvoice frame impact the VoIP quality measure-
ment data. If we do not consider the unvoiced frame as null parameter of the VolP
quality impact, the packet monitoring tool may produce too exaggerated VoIP qual-
ity degradation upon the packet loss. With the compensation of the unvoiced frame
effect on the packet loss, the packet monitoring tool should provide more realistic
VoIP quality measurement upon the packet loss statistics.

As consequence, the E-model based VoIP quality measurement tool should con-
sider to integrate the unvoiced frame effect as a compensated parameter on a partic-

ular VoIP quality measurement.
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Chapter 4

Mobility Impact on VolP Quality

over wireless network

4.1 Introduction

VOICE OVER IP (VOIP) has been deployed in wireless network domain mainly
over data network. As the VoIP becomes more prevalent in the main stream of the
telephony service, quality measurement became a crucial issue. ITU-T initiated the
voice quality measurement standard, and defined several models supporting various
stages including network planning to network maintenance. As a subjective test,
Mean Opinion Score (MOS) has been used for the traditional source of the voice
quality test. The MOS is a standard way to evaluate the voice quality conducted
by the subject group testing in the strictly controlled environment. Even though
the MOS is the most effective method to determine the voice quality for the device

such as codec, it may not be applicable to measure the voice quality over real service
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network systems due to the restriction on the testing environment. Objective tests
have been proposed and standardized for measuring the voice and audio quality by
a measurement test systems. According to the knowledge of the input data, the
objective tests can be described as intrusive models or non-intrusive models. A recent
paper by Antony W. Rix et. al. described details about these models with exemplary
standards [1].

E-Model is a computational model used for the transport network plan. Given
various input parameters such as end-to-end delay, echoes, side-tones, loudness, the
E-model calculates a scalar quality rating value, R, which corresponds the overall
conversational quality. While ITU-T G.107 [4] presents E-model overall parameters
used for the R factor computation, companion recommendations including G.113,
G.108 and G.109[5][6][7] provide further guidance about specific codec related speech
impairments, E-model applications and definitions of transmission quality. Since E-
model is defined as framework for the network planning method, there is limited
accuracy on the measurement of the voice quality. This leads many proposals on
enhancement and extension of the current E-model.

We applied the E-model to the wireless network domain, especially on the mobility
environment. On the mobile network, user traffic may redirect upon the handoff that
switches the serving cell site when the mobile user moves out of the cell boundary.
When the user traffic switches its traffic path, the mobile network system may discard
the user traffic. However, it is hard to be known due to the different network protocol
between the core network and access network that will be discussed in details on

the following section. We investigated how the wireless network introduces a hidden
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impairment on the VolIP quality due to the mobility. This paper presents the analysis
on the variety of transport layer including packet and frame layers. In addition,
the analysis is also compared to the voice quality measurement using ANIQUE+
tool. Gole and Rosenblush [9] expand the use of E-model to the VoIP performance
monitoring tool by exploiting transport-level metrics for the purpose of monitoring
conversational voice quality. This method was used for several papers as reference
model to determine the VoIP quality. Their method is used in our work as reference
for the comparative analysis with ANIQUE+ model.

This paper presents the measurement of the VoIP quality in the packet and the
speech domains, and provides the analysis illustrating the correlation between packet
level impairments and speech level distortion. In this paper, we use ANIQUE+[16]
that is a non-intrusive model recently standardized in ANSI. Auditory non-intrusive
quality estimation plus ANIQUE+ is a perceptual model to estimate the speech
quality without reference information while it simulates the functional role of human

auditory system.

4.2 Related works

4.2.1 Layered transport architecture in mobile network

Existing mobile networks consist of layered network architecture. When the mobile
station connects to the server over the IP core network, the user traffic (e.g. bearer

traffic) is transmitted over multi-layered transport protocols. As an example, Figure
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Figure 4-1: Layered mobile network architecture

4-1 illustrates a logical hierarchy of the end-to-end bearer services in typical mobile
network systems. When the mobile station application software connects to the re-
mote server over the internet, the user traffic is typically segmented and encapsulated

into multiple layer of the transport protocol at each network interface of the following:

e The Access Gateway (AG) (e.g. PDSN, GGSN)

e Radio Network Controller (RNC)

e Base Transceiver Station (BTS)

The AG interfaces between public IP network and managed IP core network that is
owned by the operator. When it receives the IP packets from the remote server, it will
segment the IP packets and encapsulates over the wireless bearer service transport
protocol. QoS is enforced between the MS and Access Gateway as defined by the
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Service Level Agreement (SLA). RNC is another network node interfacing between
managed network and Radio Access network. When the RNC receives the packet
from the AG, it should encapsulate them over another transport protocol between
BTS and RNC. On a typical mobile network, RNC contains the frame selector that is a
functional unit to handle the handoff. The RNC serves a cluster of BTS geographically
located in neighbor areas. When the BTS receives the traffic packets, it terminates the
packet overhead and transmits the radio frames to the mobile stations. This layered
network architecture causes a complicated network structure for the VoIP quality
measurement exercise. Quality measurement using packet network monitoring scheme
presented by Gole and Rosenblush [9] may be hard to be applied on this architecture
since packet delay and discard at each mobile station might be too costly to be
measured. Even though we apply Gole and Rosenblush’s method to the BTS and
RNC over the bearer service transport network, it may not be accurate. When the
mobile traffic path changes due to the handoff, they are carried over another BTS-
RNC network. Since the mobile station address is not embedded in the BTS-RNC
transport packet header, it is not easy to measure the entire VoIP quality over the

mobility.

4.2.2 Handoff over the mobile network

Handoff is a key function to support for the continuity of the mobile service as the
mobile users moves from the serving cell site to the neighbor cell sites. As the mobile

user moves to the boundary of the serving cell site, the RF signal gets weaker so
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Figure 4-2: Handoff effect over the radio access network

that the mobile cannot receive the message over the air due to the excessive frame
errors. Hence mobile should be able to monitor the RF signal strength if it becomes
lower or higher. Based upon the RF signal strength, the mobile informs the serving
BTS that it should initiate the handoff to release the current call resource of the
serving BTS, and relocate the call resource to the new serving BTS. In principle,
there are two strategies conducting the handoff depending upon the radio resource
and handoff strategy. Hard handoff is to transfer the call resource to the new cell
site after releasing the call resource from the current serving. Soft handoff allows the
mobile can use multiple call resource during the handoff procedure, and release the
call resource after completing the handoff process.

Prior researches [41,42,44,46,47] showed that the vertical handoff currently takes
too long to meet the existing carrier grade services. Pagtzis [41] showed the latency
of vertical handoff between WLAN and GPRS take more than 3 seconds from WLAN

to GPRS and 5 seconds from GPRS to WLAN. Due to the excessive handoff, VoIP
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quality over vertical handoff is not measurable from the existing voice quality metrics
[9,10] perspective.

There are two areas, Air interface and Backhaul interface where the VoIP quality
may be impacted due to the handoff. As illustrated in Figure 4-2, there are three
functional unites that are packet handler function at the RNC, packet relay at the
BTS and packet handler at the MS. The following describes the functions on each

unit:

e Packet Handler (PH) at the RNC: PH performs the packet processing when
it receives the user traffic from the Frame Selector or BTS. The PH functions
are dependent on the backhaul transport network bandwidth and protocol in
addition to the QoS requirement on the user service. Frame Selector (FS) in
the RNC manages traffic resource for the traffic path and switches the traffic
path upon the BTS request of the handoff. It exchanges the control messages

with the serving BTS and the target BTS when it switches the traffic path.

e Packet Relay (PR) at BTS: PR is a counterpart of the PH conducting the
transport protocol handling function for the backhaul network. It also provides
the packet processing function for the air interface with the MS. When it receives
the packets over the backhaul interface, it forwards the packets to the target

MS.

e Packet Handler (PH) at MS: PH at MS terminates the packet format of the
over-the-air interface and forwards the user traffic (e.g. VoIP frame) to the
application layer (e.g. voice codec) unit.
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The following describes how those functional units perform at the handoff process

over hypothetic CDMA radio network:

e When the MS detects the pilot channel of its neighbor cell sites, it informs
the serving cell site that it starts receiving the neighbor cell site’s pilot signals.
When the mobile decides the handoff, it sends the handoff request message to

the target neighbor cell site via the serving cell site.

e The serving cell site forwards handoff request message to the target cell site via
RNC. When the target cell site responds the handoff request message, the RNC
and the new serving cell site establishes the new bearer traffic connections in

order to transfer the user traffic over the backhaul network.

e Since this connection is different from the previous one between the RNC and
the old serving cell site, there is no prolongation to trace the packet level qual-
ity measurement using the packet header information unless the RNC keeps
tracking the transition of the bearer traffic connections. However, it becomes
difficult due to the limited memory space, processing power and number of cell

sites connected by a single RNC.

e When the MS completes the handoff, it sends a request message to the old
serving cell site to release the traffic resource. Upon reception of the request
message, the old serving cell site releases the traffic resource for the MS and

terminates the bearer traffic connection with the RNC.
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4.2.3 RNC performance analysis and estimation

As presented above, it is not practical for an RNC to trace all bearer traffic connec-
tions on the high-mobility environment. We can derive the memory space requirement

of the RNC to perform the VoIP quality monitoring for the handoff as follows:

D = BHCAxThxOh (4.1)

where, D is the required memory space, BHCA is Busy Hour Call Attempt, Th
is data throughput over the air and O~h is the overhead including packet overhead
control plane message overhead.

For example, the number of handoff per RNC is determined by the Busy Hour
Call Attempts (BHCA) and the average number of handoff per call. If the MS is
serviced under high-mobility environment, 5 ~ 7 handoffs typically occur on a single
call. If BHCA of a RNC is 500K, then the number of handoff on a RNC is estimated
2.5M - 3.5M. Since each handoff requires a new transport network session, the system
should trace entire handoff session including backhaul session establishment that is
typically 15% of the user traffic where 10% is for control message overhead and 5% is
for packet overhead. If we assume that the handoff process requires 5 second period
to complete the resource transition, the RNC requires the following amount of the
memory space is estimated 14.375 ~ 20.125 GB per hour that is assessed by the
following: Total memory space with 500K BHCA* 5 ~ 7 second per handoff * 8Kbps
average data throughput * 1.15 overhead

This will require 1.4 ~ 2 GB data access on every handoff period that is 5 - 7
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seconds. It also requires that the RNC processor conduct the packet header analysis

to trace the end-to-end VoIP quality through the packet level monitoring.

4.2.4 Mobility impact parameters on VoIP quality

In order to determine the Mobility impact on VolP quality from the packet level
monitoring, the following are identified as the mobility impact parameters that will

be employed as extended E-model:
1. Handoff ratio per call (HOR): Average handoff occurrence per call
2. Handoff latency(HOL): Average handoff period from start to completion
3. Average Frame Error Rate (FER): average FER over the air interface per call

4. Intermittence ratio (IR): Percentage of intermittence of packet transmission over
the entire handoff period.Traffic intermission is normally dependent on mobile
call processing software implementation. Mobile can either stop sending the

bearer traffic over the air, or keep sending the traffic.

5. Signaling Traffic Overhead (STO): when the handoff is triggered, MS and BS
and source BS and target base station exchanges the control messages to pro-
ceed the HO function. This control message overhead will cause either traffic

congestion or processing latency to complete the HO process.

The handoff ratio is dependent on the degree of mobility. Higher mobility causes
more handoffs per call. Handoff latency is normally determined by the handoff strat-
egy and call resource management function of the RNC. For example, if the operator
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wants to release the call resource in conservative way after the new call resource is
established, then the latency will be relatively longer than normal handoff procedure.
Average FER is typically configured as a constant value in our study since it is de-
termined by RF engineering design before the network deployment. Intermittence
ratio is an empirical parameter presenting how many packets are to be discarded
during the handoff upon the traffic path switching. As illustrated in Figure 2, when
the handoff occurs, the bearer traffic path switches from the serving cell site to the
neighbor cell site where the packet relay forwards the traffic to the mobile station or
vice versa. Being different from the conventional voice call, VoIP is a data service
and it is not simultaneously serviced by the multiple cell sites due to the resource as

well as complexity of traffic processing.

4.2.5 Extended E-model based on mobility impact parameter

Many researches have used metrics based on the E-model in order to predict the VoIP

quality. As defined in ITU-T G.107 [4], R value is derived as follows:

R=Ry—I—I,—I.+A (4.2)

where RO is the original voice quality including noise source; Is is a combined
impairment related to the voice signal; Id represents the impairments related to the
delay of the voice signals including echoes and one-way transmission delay; Ie is
equipment related impairments such as random packet-loss that is typically caused

by the low-bit rate codec. G.113 [7] provides codec specific e values. The advantage
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factor A can be applied if there are other advantages of access to the user. G.107
[4] provides several default values upon the access transport types as recommended
upper limit for the network planning engineer.

Cole and Rosenblush [9] extended the use of E-model from the network plan-
ning tool to network monitoring tool with simplified R value computation within the

transport level measurement including delay, jitter and packet loss as

R ~94.2 — 0.024d + 0.11(d — 177.3)H(d — 177.3) — 1 — o In(1 + 73¢)  (4.3)

where 71, 72, 73 are specified in [9] upon the codec type and H(x) is Heavy-side
function, for all z > 0, H(z) yields 1 and for all z < 0, it yields 0. They used the
default value of I defined in [4] and reduced the expression of the R factor.

Using the handoff parameters, R factor is refined as follows:

R=R0—1Is—1Id—1Ie+ A (4.4)
Rm=R—1Im (4.5)
I, = FgOR(HOL + STO + Ig) + FER (4.6)

where [, is the impairment due to the mobility impact, FgFOR is estimation
function of handoff impacts including HOL: handoff latency STO: Switching Traffic
Overhead; IR: Intermittence of the packet transmission; F'/ER: Frame Error Rate on

the Over-The-Air trafic. HOL and IR can also be assessed in terms of number of
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packet discards as follows:

Number of Packet discarded = (HOL + IR) % frame transmission rate (4.7)

The number of packet discards are counted as the packet loss at (2). HOL is an
explicit delay that is known as part of the handoff protocol, and IR is implicit delay
that is dependent on the implementation. Each radio access network has different
HOL and IR values since handoff strategies and protocols are different in each radio
access network. This paper covers EVDO as our experimental radio access network.

Once R, is estimated, as defined in G.107 [4], R factor should be transformed to

the estimated M OSg using E model as follows:

0 it R,, <0

MOSE =914 0.035R,, + Ryn(Rpm — 60)(100 — Ryy)7-1077 if 0 < R, < 100

4.5 it z > 100

\

4.3 COMPARATIVE EXPERIMENT ON EVDO

NETWORK

We performed experimental tests on the EVDO network using the EVDO handset
with data measurement tool that can collect the Over-The-Air (OTA) performance

data such as average FER.
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4.3.1 EVDO Handoff

EV-DO is a variation of CDMA network to provide high data rate for the CDMA
mobile users. Similar to the CDMA technology, it provides the handoff for the mobile
services. However, it supports different handoff strategy over downlink and uplink.
Same as other typical data service, EV-DO also provide asymmetric data transmission

where the downlink is much more loaded than uplink in terms of data traffic amount.

The following are EVDO handoff procedure:

1. The entire handoff period is typically between n x 20 msec and sub sec seconds.

2. When MS sees a stronger pilot in the Active Neighbor Set. (The new pilot

needs to be stronger than by certain dB called hysteresis to prevent pingpong).

3. MS starts send Null DRC. (DRC is used to indicate the rate that the mobile

wants to be served at. E.g. 2.4 Mbps)

4. MS sends Null DRC for integer multiple of a value called ”DRCLength” nor-
mally 2 slots. This is to make sure that the current serving sector sends off
the packets in the buffer to the MS and not overlap the transmission with new
serving sector. Also, the MS uses for ”Soft/Softer Handoff Delay parameters”
before start pointing DRC to new sector. These delays usually set at between
512 that is equivalent to 0.85 seconds and 64 slots that is equivalent to 100
msec. This is estimated time that it takes for AN to switch the packet path

from the old sector to the new sector.

5. After Null cover duration, the MS starts sending DRC with the Walsh code
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cover for the new sector.

As described above, the handoff delay parameters are variable upon the imple-
mentation. Hence, the VoIP quality impact is dependent on the length of the handoff
delay. Using equation (4.7), we assessed the number of packet discard ratio for the

handoff as follows:

Nunber of packet discards per second = (0.85+ 0.1) x 50 = 47.5 packet/sec (4.8)

Since the entire handoff period is variable depending upon the traffic condition, the

packet loss ratio over the handoff is defined as above.

4.4 ANALYTICAL MODEL

We used the commercial Data Measurement (DM) tool that can collect the OTA
frames and collect the number of frame transmission and reception as well as frame
errors. We also used another packet sniffing tool that can measure the user traffic
performance at the packet level.

The DM tool is equipped in the laptop, and captures OTA frames between mobile
and base station as illustrated in Figure 3. We use Iperf as packet level measurement
tool. Iperf that is a freeware of a packet sniffing tool was run on both laptop and
server, and it collected the performance data such as data throughput and packet
discards. The DM tool collects the OTA frames between the mobile station and base

station while the Iperf collects the packet transmission between laptop and server.
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Figure 4-3: Testing configuration

We analyze how these two tools present different performance measurement for the
handoff period between user and access network level.

The experiment consists of two phases as follows:
e 1st Phase: HO factor modeling
e 2nd phase: HO factor validation

HO factor modeling is a process to assess the quality impact due to the handoff
and determine the HO factor upon. Once the HO factor is determined, it should

validated by the comparison with the speech quality test.

4.4.1 Phase I: HO factor modeling

Handoff factor modeling is based on the experimental analysis as illustrated in Figure
4. We conducted the drive test to collect the performance data. From the drive test,
we collected the Over-The-Air (OTA) at the DM tool as well as End-to-End packet
level data measurement. From the data measurement, we perform the comparative

analysis in terms of the following:
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e Frame Error Rate (FER) vs. Packet Error Rate (PER)

e Carrier to Interference-plus-Noise Ratio (CINR) measurement for the down link

of the OTA

e OTA vs. E2E delay measurement

FER is an average number of the OTA frames discarded due to the frame errors.
It’s measured at the mobile station and base station. In our paper, we only present
down link FER. PER is an average number of IP packets discarded at the user traffic
level where the user equipment (e.g. mobile station, server) measures. CINR is
measured by the DM tool presenting the down link signal effectiveness. Delay is
measured in two layers, which are both OTA interface between base station and
mobile station, and E2E between mobile station and server as illustrated in Figure
4-3.

As illustrated in Figure 4, from the comparative analysis, we assessed the Rm and
the MOS. We exploit Cole and Rosenblush’s model [9] to assess the Rm and equivalent
MOS value. HO factor is determined using the handoff estimation function with the
E-2-E and OTA performance measurement data.

We also estimated the MOS using the current E model. HO factor is determined
with the difference between Estimated MOS and Assessed Quality (i.e. MOSE) de-

rived by Rm using the above equation (4).
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4.4.2 Phase II: HO factor validation

Once HO factor is determined, it should be validated if it can be applied as a generic
parameter.

As illustrated in Figure 5, we conducted the validation process:

1. Voice frames have been impaired through handoff . In order to retrieve better
result with less variation, we collected variety of voice frames that are impaired

via handoff.
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2. Estimate the impaired voice quality using Anique+ tool.

3. Using E model defined in (4.4), we estimate the M OSEg

4. Compare the quality scores between Anique+ and E model.

Comparison of the VoIP quality using Anique+ and E model was presented in

Chapter 2.

4.5 EXPERIMENT THROUGH TEST DRIVE

We performed the test drive on the route as depicted in Figure 6. Due to the limited
storage space, we performed the data collection over two hours with 20 min period.
We performed the data processing when we collected the performance measure-

ment at iperf [34] as E2E test. The following are measured performance data:

¢ PER

e Actual transmission throughput

e Jitter

Table 1 describes the testing configurations with the data throughput, buffer size
and packet size. results upon the testing configurations.

As described in Table 1, we emulated the VoIP applications over the test. We
defined the packet type as UDP and the packet size equivalent to VoIP application.
We determined the transmission bandwidth from 100 kbps to 56 kbps. Since VoIP is

a real-time application, we limited the buffer size small between 4K and 12K.
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Table 4.1: Performance measurements at mobile station

Test Case I | Case II | Case IIT | Case IV
Trans. bandwidth (Kbps) 100 56 56 56
Receiver Buffer size (Byte) | 8K 4K 8K 12K
Packet size (Byte) 138 138 138 138
Testing period(second) 1200 1200 1200 1200
Data type UDP UDP UDP UDP

4.5.1 Test case 1

Test case 1 provides packet transmission with 100Kbps bandwidth with 8KB buffer.
As summary, we observed the handoff impact was mild since the bandwidth and buffer
size is large enough to tolerate the packet intermission during the handoff. Figure
4-6 presents the measured packet error rate in the test Case I. We observed that the
packet error occurred on handoff occurrence. It was noticed that no handoff was
occurred while the vehicle goes through a tunnel where the leaky cable was deployed.
While the vehicle moves on high speed, we observed handoff s occurred every 45 - 50
seconds. The packet error rates are between 1 and 11%.

Figure 7 presents transmission jitter measured with the accordance of the packet
errors. We observed transmission jitter over the handoff period. It was observed
between 7.5 and 45 msec. Most handoff caused greater jitter between 20 and 30
msec. Sometime, we observed that the jitter reached 45 msec. As described in
EVDO handoff procedure in the previous section, there are buffering effect during
the EVDO handoff due to the Null cover duration as well as data rate change upon
mobility.

Similar to Figure 7, we also observed that transmission data throughput was also
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Figure 4-8: Measurement of Actual data throughput (Case I)

fluctuated at the handoff. Due to the jitter effect, the transmission rate was summed

up after jitter was dissolved.

4.5.2 Test Case 11

Test case II is configured to be closer to the real networking environment that pro-
vides narrow bandwidth as well as small buffer size disguise the mobile handset. We
observed that the packet discards were hiked at the handoff.

As we assessed in the previous section, we confirmed that the packet loss rate
is between 40 and 68 %. As shown in Figure 9, majority of handoff was over 50%
percent of the packet loss ratio.

As depicted in Figure 10, the transmission jitter is also twice longer than the test
case I. This is also aligned with the packet loss rate.

Actual data rate reflects the handoff as shown in Figure 11. We observed that the

number of transmitted data was fluctuated upon the jitter caused by handoff.
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4.5.3 Comprehensive Analysis

As we observed the Test case II that EVDO handoff generated the temporal burst
packet loss around 50% percent of transmitted packets. This is clearly not acceptable
from the previous study [7][8][9][26] rate as burst error the current voice quality.
However, Test case I provides moderate packet loss rate upon the handoff, and it is
within the boundary that most voice quality requirements provide.

We also run other two test cases with increase of the receiver buffer size. We
observed that increase of the receiver buffer size contribute the less packet loss rate.
However, it significantly increased the transmission jitter in several handoffs. As
shown in Figure 12 and 13, even though the packet loss decreased, the transmission
jitter increased compared to Figure 9 and 10. This is caused by the increase of the
packet back log latency. when the buffer gets emptied due to the degradation of the

OTA data rate as signal strength gets lower, the VoIP packets in the receiver buffer
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Figure 4-12: Measurement of transmission jitter (Case III)

should be consumed. When the VoIP packets are received, it should be stored into
the buffer as the buffer can start forwarding the VoIP packets. If the buffer size is too
large, it causes another jitter from the receiver side. Difference of the jitter between
Figure 4-10 and 4-13 is due to the difference in buffer sizes in Case II and III.

This showed that the increase of receiver buffer is not a good answer for the VoIP

quality enhancement because of its realtime nature.

4.6 Conclusion

From the drive test, we assessed the handoff impact on the VoIP over EVDO access
network. We also validated our HO impact was aligned with other previous simulation
[26] as well as analyses with experimental test over 802.11 network.

We also found an interesting difference between Saleh [42]and our test. Saleh [42]

conducted the test over CDMA2000 system that supports the soft handoff and show
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Figure 4-13: Measurement of the Packet Error Rate (Case III)

much less packet discard and jitter issue with even vertical handoff while we observed
a burst packet loss and high jitter during the handoff. EVDO network supports a
hard handoff for the down link where we measured while it also supports the soft
handoff that is same as CDMA2000 RAN architecture.

Our analysis and test result showed that VoIP application over the existing EVDO
Rev0 network should require at least 1.5 times bandwidth to provide the equivalent
voice quality to the existing legacy circuit wireless voice service. However, the buffer
size should be limited to twice than data throughput in order to maintain lower jitter

due to the packet backlog problem as we observed in Figure 4-13.
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Chapter 5

Future Research and Conclusion

5.1 Conclusion

This dissertation addressed the mobility impact on the VoIP service from the voice
quality management perspective.

In chapter 2, we performed that comparative analysis between E-model that is
a computational model used for the transport network plan and Anique+ that is
a perceptual model to estimate the speech quality without reference source. We
exploit the model that Gole and Rosenbluth [9] developed as a network VoIP quality
monitoring tool. The analytical comparison showed that there are a strong correlation
between E-moded based VoIP quality model and Anique+.

In chapter 3, we also investigated if the packet overhead can contribute an accurate
VoIP quality monitoring. With leverage of the packet overhead information indicating
the VolIP payload type that is either voice, mute or voice+signal, we refined the

VoIP quality parameters. We defined the unvoiced packet effect that normally takes
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more than 50% of voice frame sequence. We employ the unvoiced frame effect as an
attribute to revise Gole and Rosenbuth [9] E-model based VoIP quality monitoring
tool.

In chapter 4, we measured the handoff impact on the VoIP quality due to the
switching latency as part of handoff procedure. From the experimental analysis, we
observed that EVDO handoff over the downlink contributes at least additional 1%
burst packet loss. We also concluded that the data rate and receiver buffer should
be configured twice more than the required bandwidth in order to handle the data
throughput and jitter impact due to the handoff.

From the entire research, we concluded that mobility causes VoIP quality degra-

dation from the following impacts:

e Packet loss

e Transmission bandwidth decrease

e Jitter

We also assessed that the unvoiced frame overhead should provide compromise on

the VoIP packet loss by checking the VoIP frame type up to 50%.

5.2 Future research

Our research was limited in EVDO network due to the availability of the network
testing environment.We also want to pursue the following area to investigate the

VoIP quality impact on different handoff types:

64



e Veritical Handoff between different RAN technologies such as WLAN and WCDMA:
Vertical handoff test [45-47] showed that the handoff latency is more than 3 sec-
onds that is not acceptable from 3G network perspective. While the technologies

continue enhancing the latency time, other potential enhancement should also

be studied.

e Soft Handoff is expected that the handoff latency should be negligible. However,

it should be confirmed by the technical experiment.

e Handoff over 4G network: 4G network advocates that it provides broadband
access over the air. However, it is not clear how 4G can support for the VolP
with mobility. In order to offer VoIP application over Mobile Wimax that is
one of 4G technologies, it is critical to assess the VoIP quality over the mobility

environment.

We also want to expand our research to Quality of Experience (QoE) [52-54]
level. We learned that the current speech quality model is not applicable to the live
network. Typical sample speech source is less than 10 second period, however, it is
not applicable to cumulate the VoIP quality measurement. QoE should be employed

in order to assess the user experience over the entire VolP session.
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