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Abstract

IP networks are on a steep slope of innovation that will make them the long-term carrier

of all types of traffic, including voice. However, such networks are not designed to support

real-time voice communication because their variable characteristics (e.g. due to delay, delay

variation and packet loss) lead to a deterioration in voice quality. A major challenge in such net-

works is how to measure or predict voice quality accurately and efficiently for QoS monitoring

and/or control purposes to ensure that technical and commercial requirements are met.

Voice quality can be measured using either subjective or objective methods. Subjective

measurement (e.g. MOS) is the benchmark for objective methods, but it is slow, time consum-

ing and expensive. Objective measurement can be intrusive or non-intrusive. Intrusive methods

(e.g. ITU PESQ) are more accurate, but normally are unsuitable for monitoring live traffic

because of the need for a reference data and to utilise the network. This makes non-intrusive

methods(e.g. ITU E-model) more attractive for monitoring voice quality from IP network im-

pairments. However, current non-intrusive methods rely on subjective tests to derive model

parameters and as a result are limited and do not meet new and emerging applications.

The main goal of the project is to develop novel and efficient models for non-intrusive

speech quality prediction to overcome the disadvantages of current subjective-based methods

and to demonstrate their usefulness in new and emerging VoIP applications. The main contri-

butions of the thesis are fourfold:

(1) a detailed understanding of the relationships between voice quality, IP network impair-

ments (e.g. packet loss, jitter and delay) and relevant parameters associated with speech (e.g.

codec type, gender and language) is provided. An understanding of the perceptual effects of



these key parameters on voice quality is important as it provides a basis for the development

of non-intrusive voice quality prediction models. A fundamental investigation of the impact of

the parameters on perceived voice quality was carried out using the latest ITU algorithm for

perceptual evaluation of speech quality, PESQ, and by exploiting the ITU E-model to obtain an

objective measure of voice quality.

(2) a new methodology to predict voice quality non-intrusively was developed. The method

exploits the intrusive algorithm, PESQ, and a combined PESQ/E-model structure to provide a

perceptually accurate prediction of both listening and conversational voice quality non-intrusively.

This avoids time-consuming subjective tests and so removes one of the major obstacles in the

development of models for voice quality prediction. The method is generic and as such has

wide applicability in multimedia applications. Efficient regression-based models and robust

artificial neural network-based learning models were developed for predicting voice quality

non-intrusively for VoIP applications.

(3) three applications of the new models were investigated: voice quality monitoring/pre-

diction for real Internet VoIP traces, perceived quality driven playout buffer optimization and

perceived quality driven QoS control. The neural network and regression models were both

used to predict voice quality for real Internet VoIP traces based on international links. A new

adaptive playout buffer and a perceptual optimization playout buffer algorithms are presented.

A QoS control scheme that combines the strengths of rate-adaptive and priority marking con-

trol schemes to provide a superior QoS control in terms of measured perceived voice quality is

also provided.

(4) a new methodology for Internet-based subjective speech quality measurement which

allows rapid assessment of voice quality for VoIP applications is proposed and assessed using

both objective and traditional MOS test methods.
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Chapter 1

Introduction

This Chapter is organized as follows. The motivations behind the project are presented in

Section 1.1. The research questions are given in Section 1.2. Project aims and objectives are

outlined in Section 1.3. The major contributions are summarized in Section 1.4. In Section 1.5,

a brief overview and the organisation of the thesis are given.

1.1 Motivations

IP networks are on a steep slope of innovation that will make them the long-term carrier

of all types of traffic, including voice. However, such networks are not designed to support

real-time voice communication because their variable characteristics (e.g. due to delay, delay

variation and packet loss) lead to a deterioration in voice quality [1, 2]. A major challenge in

such networks is how to measure or predict voice quality accurately and efficiently for QoS

monitoring and/or control purposes to ensure that the technical and commercial requirements

(e.g. service level agreements) are met.

In real-time voice communications, perceived speech qualityt , expressed as a Mean Opin-

ion Score (MOS), is the key metric for quality of service as it provides a direct link to quality

as perceived by the end user. MOS values may be obtained by subjective tests [3] or by objec-

tive perceptual methods, such as the latest ITU algorithm, the Perceptual Evaluation of Speech

tThe terms of speech quality and voice quality are used interchangeably in this thesis.
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1.1. Motivations

Quality (PESQ) [4,5,6], the inherent problem in subjective MOS measurement is that it is time

consuming, expensive, lack of repeatability, and cannot be used for long-term or large scale

voice quality monitoring in an operational network infrastructure. This has made objective

methods very attractive for meeting the demand for voice quality measurement in communica-

tions networks.

Unlike intrusive methods such as PESQ, non-intrusive, objective techniques are appropriate

for monitoring live traffic because they do not need the injection of a reference signal and do not

utilise the network. The ITU E-model [7], originally designed for conventional network plan-

ning [8], is the most widely used non-intrusive method. It may be used to predict end-to-end

voice quality directly from IP network and/or terminal parameters [9, 101. However, it is based

on a complex set of fixed, empirical formulae and is applicable to a restricted number of codecs

and network conditions (because subjective tests are required to derive model parameters) and

this hinders its use in new and emerging applications.

Artificial neural networks-based models have recently been used to predict both speech and

video quality from IP network parameters [11,12,13], but, as in the E-model, the previous neu-

ral network models rely on subjective tests to create the training sets. Unfortunately, subjective

tests are costly and time-consuming and as a result the training sets are limited and cannot cover

all the possible scenarios in dynamic and evolving networks, such as the Internet.

There is a need to develop a new methodology which provides efficient statistical or neural

network models to measure/predict voice quality, non-intrusively, for both managed and best

effort networks and for emerging applications. Such models can be used:

- for objective, non-intrusive, prediction/monitoring of end-to-end voice quality on live

network, and to study error profile and IP network readiness for VoIP services;

- to optimise the quality of voice services in accordance with changing network conditions

and to control the QoS and manage the utilisation of available resources.
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1.2 Research Questions

This dissertation seeks to address the following questions/issues:

• What are the relationships between perceived speech quality, IP network impairments

(e.g. packet loss, jitter and delay) and relevant parameters associated with speech (e.g.

codec type, voiced/unvoiced, gender and languages)?

This leads to a fundamental research to investigate the relationships between perceived

voice quality, IP network impairments (e.g. packet loss, jitter and delay) and relevant

parameters associated with speech (e.g. codec type, voiced/unvoiced, gender and lan-

guage). A fundamental investigation of the impact of these parameters on perceived

voice quality is undertaken using the latest ITU algorithm for perceptual evaluation of

speech quality, PESQ, and a combined PESQ/E-model structure to obtain an objective

measure of voice quality. Four modern codecs which are commonly used in VoIP and

in emerging applications are used in the study (G.729, G.723.1, AMR and iLBC). This

work will be discussed in Chapter 4.

• How should the perceived speech quality be measured/predicted non-intrusively and ef-

ficiently for VoIP networks?

This leads to a new non-intrusive perceived speech quality prediction methodology. The

novelty of the method is the exploitation of the latest intrusive ITU algorithm, PESQ,

and the use of a combined PESQ/E-model, to provide a perceptually accurate prediction

of voice quality (both listening and conversational), non-intrusively. This avoids time-

consuming subjective tests and so removes one of the major obstacles in the development

of models for voice quality prediction non-intrusively.

Based on the new methodology, efficient non-linear regression models are developed to

predict conversational voice quality for a variety of codecs, which is presented in Chap-

ter 5. Further artificial neural network models are exploited for predicting both listening
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and conversational voice quality based on PESQ and a combined PESQ/E-model struc-

ture. This is presented in Chapter 6.

• How should the perceived speech quality metric be exploited to monitor, optimize and

control end-to-end speech quality?

This leads to three main applications which use the newly developed voice quality pre-

diction models (1) to monitor/predict voice quality for the current Internet, (2) to achieve

perceived speech quality driven playout buffer optimization, and (3) to achieve perceived

speech quality driven QoS control. Previous work on playout buffer optimization and

QoS control is mainly based on individual network parameters (e.g. packet loss or de-

lay). This approach is inappropriate as it does not provide a direct link to perceived

speech quality. From QoS perspective, the optimization of playout buffer algorithms or

the control of QoS should be determined by the likely perceived speech quality. The pre-

diction of voice quality for current Internet using neura3 nenvcak ri-yodeSs -and Itgessim

models is described in Chapter 7. The perceived quality driven playout buffer optimiza-

tion is presented in Chapter 8. The perceived quality driven QoS control with a combined

send-bit-rate adaptive and priority marking control schemes is discussed in Chapter 9

• How should subjective MOS tests be conducted efficiently for VoIP applications?

This leads to a new Internet-based methodology for subjective MOS tests. Unlike tradi-

tional MOS tests which have to be carried out in a sound-proof room following stringent

test requirements, a methodology to conduct MOS tests under normal working environ-

ments through Internet is proposed. Controlled and uncontrolled Internet-based MOS

tests are carried out and the results are compared with various objective test methods.

The work is presented in Chapter 10.
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1.3 Project Aim and Objectives

The main aims of the project are (1) to undertake a fundamental investigation to quantify

the impact of network impairments and speech related parameters on perceived speech quality

in IP networks, (2) to apply the results to develop novel and efficient models for non-intrusive

speech quality measurement and prediction for VoIP applications, and (3) to apply the devel-

oped models to new and emerging applications in voice quality prediction/monitoring, voice

quality optimization (e.g. jitter buffer optimization) and QoS control.

Specific objectives of the research are to:

• Undertake a fundamental investigation to quantify the impact of network impairments

(e.g. packet loss, delay and jitter) and speech related parameters (e.g. codec, voiced/un-

voiced, gender or language) on perceived speech quality in IP networks.

• Develop novel and efficient non-intrusive speech quality prediction models and method-

ology to predict perceived speech quality directly from IP network parameters and/or

speech related parameters.

• Investigate the applications of the above models in areas such as speech quality pre-

diction/monitoring, QoS performance optimization (e.g. jitter buffer optimization) and

QoS control (e.g. rate adaptive QoS control or priority marking QoS control) in VoIP

networks.

1.4 Contributions of Thesis

The contributions of the dissertation are the following:

1. A detailed understanding of the relationships between voice quality, IP network impair-

ments (e.g. packet loss, jitter and delay) and relevant parameters associated with speech

(e.g. codec type, gender and language). An understanding of the perceptual effects of the
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key parameters on voice quality is important as it provides a basis for the development

of efficient regression models and robust artificial neural network learning models.

A fundamental investigation to study the impact of key network parameters (i.e. loss

rate, loss pattern and latency) and non-network parameters (e.g. codec type, gender

and language) on perceived speech quality is undertaken using a combined PESQ/E-

model scheme to obtain an objective measure of voice quality. Four modern voice codecs

which are commonly used in VoIP and other emerging applications are selected (i.e. TTU

G.729 [14] and G.723.1 [15], AMR [16] and iLBC [17]) for the study (this number can

be readily expanded).

(The associated publications are [18, 19])

2. A new methodology to predict voice quality non-intrusively is presented. The novelty of

the method is that it exploits the latest intrusive ITU algorithm, PESQ, and a combined

PESQ/E-model structure to provide a perceptually accurate prediction of both listening

and conversational voice qua Jity non-intrusively, which avoids time-consuming subjec-

tive tests. The method is generic and as such has wide applicability in multimedia appli-

cations (e.g. objective, non-intrusive, prediction of end-to-end voice/audio/image/video

quality; optimization of quality of multimedia services) and to other packet networks

(e.g. ATM and managed IP networks). Efficient regression-based and neural network-

based models are developed for predicting both listening and conversational voice quality

for VoIP applications. The detailed contributions are:

• New non-linear regression models for predicting conversational voice quality based

on a novel combination structure of PESQ and E-model. Non-linear regression

models for a variety of codecs (i.e. G.729, G.723.1, AMR and iLBC) for different

network conditions are derived and their applications in voice quality prediction!-

monitoring, playout buffer optimization and QoS control are given. (The associ-

ated publication is [20].)
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• New learning models, based on supervised neural networks, with voice quality

prediction accuracy close to the ITU PESQ/E-model (correlation coefficients of

0.94 for VoIP simulation system and real Internet VoIP trace data). These include

models for non-intrusive, objective prediction of both listening and conversational

voice quality. A key novelty is that the models have learning capability and this

makes it possible for the models to adapt to changes in the network. Four modern

codecs (i.e. G.729, G.723.1, AMR and iLBC) are chosen for the study and the

impact of talkers (e.g. male or female) is considered. Their applications in voice

quality prediction/monitoring are given. (The associated publication is [19] and

the paper submitted for publication is [211.)

3. Three applications for the new perceived voice quality prediction models are investigated.

• The newly developed efficient regression and neural network models are applied

for voice quality prediction in the current Internet. Preliminary results show that in

this application the neural network models have accuracy close to the ITU PESQ/E-

model(correlation coefficient of 0.94) and the regression models have even higher

accuracy with the correlation coefficient of 0.98. The results are based on Internet

trace data measurements between UK and USA, UK and China, and UK and Ger-

many. (The associated publication is [22] and the paper submitted for publication

is [21].)

• A new adaptive playout buffer algorithm and a new perceptual optimized play-

out buffer algorithm are presented. The use of minimum overall impairment as a

criterion for buffer optimization is proposed. This criterion is more efficient than

the traditional maximum Mean Opinion Score (MOS). It is shown that the delay

behaviour of Voice over IP traffic is better characterized by a Weibull distribution

than a Pareto or an Exponential distribution. The perceptual performance for exist-

ing jitter buffer algorithms and new proposed buffer algorithms are compared. The
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results show that the proposed perceptual optimized buffer algorithm can achieve

the optimum perceived speech quality compared with other algorithms for all the

traces considered. The adaptive buffer algorithm can achieve sub-optimum per-

ceived speech quality with low complexity. The results are based on Internet trace

data collected internationally. (The associated publications are [22] and [20].)

• A new QoS control scheme that combines the strengths of rate-adaptive and pri-

ority marking control schemes is presented to provide a superior QoS control per-

formance, in terms of perceived speech quality. An objective measure of perceived

speech quality (i.e. objective MOS score) is used for adaptive control of sender be-

haviour (e.g. sender bit rate), as this provides a direct link to user perceived speech

quality, unlike individual network impairment parameters (e.g. packet loss and/or

delay). Our results show that the new combined QoS control method achieved the

best performance under different network congestion conditions compared to sep-

arate adaptive sender rate and packet priority marking methods. (The associated

publication is [23].)

4. A new methodology for Internet-based subjective speech quality measurement is pre-

sented. Unlike traditional MOS tests which have stringent test requirements (e.g. the use

of a sound proof room), the Internet-based subjective tests aim to conduct MOS tests un-

der normal working environments through Internet for Voice over IP applications. This

method allows rapid assessment of voice quality. It is more efficient and close to reality

than the traditional methods. Both uncontrolled and controlled Internet-based MOS tests

are carried out and the results are compared with various objective test methods as well

as by traditional MOS test methods. The results are quite promising. (The associated

publications are [24, 25]).
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1.5 Outline of Thesis

The outline of the thesis is shown in Figure 1.1 and described as follows:

Chapter 2 gives a brief background information about VoIP networks. The VoIP network

connection, protocol and system structure are presented in Section 2.2. Perceived speech qual-

ity and factors affect speech quality are presented in Section 2.3. Voice coding technology and

main codecs used in the thesis are introduced in Section 2.4. Network performance character-

istics (e.g. packet loss and delay/delay variation) are presented in Section 2.5.

Chapter 3 summarizes state-of-the-art speech quality measurement/assessment methods in-

cluding subjective and intrusive/non-intrusive objective methods. Section 3.2 introduces sub-

jective tests. Section 3.3 presents intrusive speech quality measures such as PSQM, MNB,

PESQ and PESQ-LQ. Section 3.4 discusses non-intrusive speech quality measures including

parameter-based models(e.g. E-model and artificial neural network model) and signal-based

models (e.g. vocal tract model), with emphasis on the former.

Chapter 4 investigates the impact of network impairments (e.g. packet loss rate, packet loss

burstiness, packet loss location and end-to-end delay) and relevant parameters associated with

speech (e.g. codec type, voiced/unvoiced, gender and language) on perceived voice quality.

Section 4.2 introduces a VoIP simulation system set up for quality evaluation. In Section 4.3,

the impact of packet loss location on perceived speech quality is evaluated. Section 4.4 shows

how packet loss burstiness and packet size affect speech quality. Section 4.5 presents how

different talkers (male or female) and seven different languages (e.g. English, Dutch, Chinese

and Arabian) affect perceived voice quality. Section 4.6 discusses how end-to-end delay and

codec types affect perceived voice quality.

Chapter 5 introduces a new methodology to predict voice quality, non-intrusively, based

on an exploitation of the latest intrusive ITU algorithm, PESQ, and the use of a combined

PESQ/E-model structure. Based on the new methodology, efficient regression-based and artifi-

cial neural network-based models are developed. The detailed non-linear regression models for
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voice quality prediction are presented in this Chapter and the neural network-based models are

presented in Chapter 6. The novel methodology for non-intrusive prediction of voice quality is

presented in Section 5.2. The system structure and the procedures of using regression models

for predicting voice quality are described in Sections 5.3 and 5.4, respectively. In Section 5.5,

the non-linear regression models for different codecs (i.e. G.729, G.723.1, AMR and iLBC)

under different network conditions are given.

Chapter 6 examines neural network-based models for predicting both listening and con-

versational voice quality. In Section 6.2, the neural network models for predicting listening-

only voice quality is presented, which covers the simulation system structure, neural network

database collection, neural network models and result analysis. Then the neural network mod-

els for predicting conversational voice quality are described in detail in Section 6.3.

Chapter 7 presents the perceived speech quality prediction using neural network and re-

gression models for VoIP in the current Internet. In Section 7.2, the setup and approach for

the Internet trace data measurement is introduced. In Section 7.3, the IP network performance

analysis is carried out for the selected traces. The focus is on the characteristics of the de-

lay/jitter and its distribution, and packet loss and its distribution. Speech quality prediction for

selected traces using neural network models and regression models are presented in Sections

7.4 and 7.5, respectively. Performance analysis and comparison are given in Section 7.6.

Chapter 8 presents the method for applying newly developed speech quality prediction

models for playout buffer optimization. The existing playout algorithms and their performance

are analyzed in Section 8.2. In Section 8.3, a new adaptive playout buffer algorithm based on

traditional jitter buffer algorithms is presented. In Section 8.4, a perceptual optimum playout

buffer algorithm is given based on the derived speech quality prediction models, a minimum

impairment criterion and Weibull delay distribution modeling. The performance analysis and

comparison between existing buffer algorithms and newly proposed algorithms are presented

in Section 8.5.

Chapter 9 introduces an application of perceived speech quality prediction for QoS control
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by combining rate-adaptive control and priority marking control schemes. The adaptive AMR

codec and its speech quality under packet loss is discussed in Section 9.2. The three QoS

control schemes — the rate-adaptive, the priority marking and the new combined QoS control

schemes are presented in Section 9.3. The simulation system and experiments are described in

Section 9.4. The results and analysis are given in Section 9.5.

Chapter 10 describes a new Internet-based subjective speech quality measurement method-

ology. The uncontrolled and controlled Internet based MOS tests and quality evaluation/com-

parisOn are presented in Sections 10.2 and 10.3, respectively.

Chapter 11 reviews the work done, suggesting future work and presents the conclusions of

the thesis.
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Figure 1.1: Thesis outline
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Chapter 2

VoIP Networks

2.1 Introduction

The convergence of communications and computer networks has led to a rapid growth

in real-time applications, such as Internet Telephony or Voice over IP (VoIP). However, IP

networks are not designed to support real-time applications and factors such as network delay,

jitter and packet loss lead to a deterioration in the perceived voice quality.

In this chapter, a brief background information about VoIP networks which is relevant to

the thesis is summarized. The VoIP network, protocol and system structure are described in

Section 2.2. Perceived speech quality or perceived quality of service (QoS) are presented in

Section 2.3. Voice coding technology and main codecs used in the thesis (i.e. G.729, G.723.1,

AMR and iLBC) are introduced in Section 2.4. Network performance characteristics (e.g.

packet loss and delay/delay variation) are presented in Section 2.5. Section 2.6 summarises the

chapter.
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2.2 VoIP Networks

2.2.1 VoIP Network Connections

Common VoIP network connections normally include the connection from phone to phone,

phone to PC (IP Terminal or H.323/SIP Terminal [26]) or PC to PC, as shown in Figure 2.1.

The Switched Communication Network (SCN) can be a wired or wireless network, such as

PSTN, ISDN or GSM.

Network QoS

Perceived QoS

Figure 2.1: VoIP network connections

Perceived QoS or User-perceived QoS is defined as end-to-end or mouth to ear, as the

quality perceived by the end user. It depends on the quality of the gateway (G/W) or H.323/SIP

terminal and IP network performance. The latter is normally referred to as Network QoS, as

illustrated in Figure 2.1.

As IP network is based on the "best effort" principle which means that the network makes no

guarantees about packet loss rates, delays and jitter, the perceived voice quality will suffer from

these impairments (e.g. loss, jitter and delay). There are currently two approaches to enhance

QoS for VoIP applications. The first approach relies on application-level QoS mechanisms to

improve perceived QoS without making changes to the network infrastructure. For example,

different compensation strategies for packet loss (e.g. Forward Error Correction (FEC)) [27,28]

and jitter [29, 30] have been proposed to improve speech quality even under poor network

conditions.
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The second approach relies on the network-level QoS mechanism and the emphasis is on

how to guarantee IP Network performance in order to achieve the required Network QoS. For

example, rETF is working on two QoS frameworks, namely Diffserv (the Differentiated Ser-

vices) [31] and Intserv (the Integrated Services) [32] to support QoS in the Internet. IntServ

uses the per-flow approach to provide guarantees to individual streams and is classified as a

flow-based resource reservation mechanism where packets are classified and scheduled accord-

ing to their flow affiliation. DiffServ provides aggregate assurances for a group of applications

and is classified as a packet-oriented classification mechanism for different QoS classes. Each

packet is classified individually based on its priority.

2.2.2 VoIP Protocol Architecture

Protocol Architecture

Voice over IP (VoIP) is the transmission of voice over network using the Internet Protocol.

Here, we introduce briefly the VoIP protocol architecture, which is illustrated in Figure 2.2. The

Protocols that provide basic transport (RTP [33]), call-setup signaling (H.323 [34], SIP [35])

and QoS feedback (RTCP [33]) are shown.

Audio /
Video

RTP RTCP SIP H.323

UDP TCP

IP

e.g. Ethernet/SDH

Figure 2.2: VoIP protocol architecture

In this thesis, we focus on voice transmission over Internet and the signaling part is not

considered.
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Real-Time Transport Protocol (RTP)

Currently, most interactive audio and video applications use the real-time transport protocol

(RTP) for data transmission with real-time constraints. RTP runs on top of existing transport

protocols, typically UDP, and provides real-time applications with end-to-end delivery services

such as payload type identification and delivery monitoring. RTP provides transport of data

with a notion of time to enable the receiver to reconstruct the timing information of the sender.

Besides, RTP messages contain a message sequence number to allow applications to detect

packet loss, packet duplication, or packet reordering.

V=2 P X CC M PT Sequence number

Timestamp

Synchronization source (SSRC) identifier

Contribution source (CSRC) identifiers

Figure 2.3: RTP header

An RTP message contains an RTP header followed by the RTP payload. An RTP message

of version 2 is shown in 2.3. Some fields, which will be used in this report, are described briefly

below.

- Payload type (PT): 7 bits. The payload type specifies the format of the RTP payload

following the fixed header

- Sequence number: 16 bits. The sequence number counts the number of the RTP packets

sent by the sender and is incremented by one for each transmitted packet. The sequence

number allows the receivers to detect packet loss, packet duplication and to restore the

packet sequence

- Timestamp: 32 bits. The timestamp reflects the sampling instant of the first data sample

contained in the payload of RTP packets and is incremented by one for each data sample,

regardless of whether the data samples are transmitted onto the network or are dropped
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2.2. VoIP Networks

as silent. The timestamp helps the receivers to calculate the arrival jitter of RTP packets

and synchronize themselves with the sender.

RTP is extended by the RTP control protocol (RTCP) that exchanges member information

in an on-going session. RTCP monitors the data delivery and provides the users with some

statistical functionality. The receivers can use RTCP as a feedback mechanism to notify the

sender about the quality of an on-going session.

2.2.3 VoIP System Structure

Figure 2.4 shows a basic VoIP system (signalling part is not included), which consists of

three parts — the sender, the IP networks and the receiver. At the sender, the voice stream from

the voice source is first digitized and compressed by the encoder. Then, several coded speech

frames are packetized to form the payload part of a packet (e.g. RTP packet). The headers

(e.g. IP/UDP/RTP) are added to the payload and form a packet which is sent to IP networks.

The packet may suffer different network impairments (e.g. packet loss, delay and jitter) in IP

networks. At the receiver, the packet headers are stripped off and speech frames are extracted

from the payload by depacketizer. Playout buffer is used to compensate for network jitter at the

cost of further delay (buffer delay) and loss (late arrival loss). The de-jittered speech frames are

decoded to recover speech with lost frames concealed (e.g. using interpolation) from previous

received speech frames.

Figure 2.4: Conceptual diagram of a VoIP system

In the thesis, a simulated IP network (e.g. simulated packet loss and delay) and real trace

data collected between UK and USA, UK and German, and UK and China will be used. Four
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codecs (i.e. G.729, G.723.1, AMR and iLBC) are considered and different playout buffer

algorithms are investigated.

2.3 Perceived Quality of Service (QoS)

In voice communications, perceived Speech Quality is the most important QoS metric, as it

is related directly to the quality perceived by the end user. It is normally referred to as perceived

Quality of Service (QoS) or Quality of Experience(QoE) for voice over IP applications.

Several factors influence perceived speech quality or QoE as shown in Figure 2.5 [36].

The network factors include network packet loss, network jitter and network delay which are

the main parameters that determine Network QoS. The jitter buffer and codec located at the

terminal side are application related. From an end-to-end point of view, the overall packet loss

includes the network packet loss and late arrival loss dropped at the jitter buffer. The overall

delay consists of the network delay and buffer delay which is the time spent in the jitter buffer.

Except overall packet loss and overall delay, the end-to-end perceived speech quality or the

QoE depends further on the codec and codec's packet loss concealment strategy (assuming no

external packet loss concealment is used).

The characteristics of network packet loss, delay and delay variation (jitter) will be dis-

cussed in more detail in Section 2.5. The impact of overall packet loss, overall delay, and

different codec type on perceived voice quality will be analyzed in Chapter 4. The impact from

jitter buffer and different buffer algorithms on perceived speech quality will be discussed in

Chapter 8.

Other factors affecting end-to-end perceived speech quality which are not shown in the

figure are echo, noise, cross-talk, low(high) volume etc. [37]. These are not considered in the

study.
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Figure 2.5: Inter-relationship of QoS factors

2.4 Voice Coding Techniques in VoIP Systems

2.4.1 Coding Basic Concept

In order to reduce bandwidth utilization in the transmission of speech signal, speech coding

is employed to compress the speech signals. In general, speech coding techniques are divided

into three categories: Waveform coders, Vocoders and Hybrid coders.

- Waveform coders: only explore the correlation in time-domain and frequency-domain

and attempt to preserve the general shape of the signal waveform. e.g. G.711 PCM (64

Kb/s) and 0.726 ADPCM (40/32/24/16 Kb/s)

- Voice coders (vocoders): based on simple (voiced/unvoiced) speech production model

and no attempts are made to preserve the original speech waveform. The speech is syn-

thetic. e.g. 2.4/1.2 Kh/s LPC

- Hybrid coders: incorporate the advantages of waveform coders and vocoders to achieve

good speech quality at 4.8 to 16 Kb/s, includes all the modern codecs, e.g. 0.729 CS-

ACELP (8Kb/s), G.723.1 MP-MLQ/ACELP (6.3/5.3 Kb/s), AMR (Adaptive Multi-Rate,

ACELP) and iLBC (Internet Low Bit Rate Codec).
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In this thesis, we will focus on the modern hybrid coders such as G.729, G.723.1, AMR

and iLBC which provide high speech quality at relatively low bit rates.

2.4.2 G.729, G.723.1 and AMR

The G.729 CS-ACELP (Conjugate Structure Algebraic Codebook Excited Linear Predic-

tion, 8 Kbps) and G.723.1 (MP-MLQ/ACELP: Multipulse excitation with a maximum-likelihood-

quantizer/Algebraic Codebook Excited Linear Prediction, Dual rate: 5.3/6.3 Kbps) are both

standardized by ITU and have been used in VoIP applications. AMR (Adaptive Multi-Rate,

ACELP) speech codec was developed by ETSI and has been standardized for GSM. It has been

chosen by 3GPP as the mandatory codec. The AMR is a multi-mode codec with 8 narrow band

modes with bit rates of 4.75, 5.15, 5.9, 6.7, 7.4, 7.95, 10.2 and 12.2 Kb/s. Mode switching can

occur at any time (frame-based). AMR speech codec represents a new generation of coding

algorithms which are developed to work with inaccurate transport channels. The flexibility on

bandwidth requirements and the tolerance in bit errors of AMR codecs are not only beneficial

for wireless links, but are also desirable for VoIP applications.

The three codec types belong to CELP (Codebook Excited Linear Prediction) analysis-

by-synthesis hybrid codec. At each speech analysis frame, the speech signal is analysed to

extract the parameters of the CELP model (Linear Prediction, or LP filter coefficients, adaptive

and fixed codebooks' indices and gains). For stability and efficiency, LP filter coefficients

are transformed into Line Spectral Frequencies, or LSF's for transmission. These parameters

are then encoded and transmitted. At the decoder, the parameters are decoded and speech is

synthesized by filtering the reconstructed excitation signal through the LP synthesis filter.

The major differences between the three codecs lie in the excitation signals, the partitioning

of the excitation space (the algebraic codebook), delay and the way in which the coefficients of

the filter are represented. For example, the G.729 uses two stage codebook structures for LSP

parameters and gets the name "conjugate structure".

The frame information for G.729/G.723.1/AMR is shown at Table 2.1. The delay induced
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at encoder is referred as algorithmic delay.

Table 2.1. Frame information for G.72	23. 1/AMR
Codec Algorithm Bit	Rates

(Kb/s)
Frame
length (ms)

Look-ahead
(ms)

Algorithmic
delay (ms)

G.729 CS-ACELP 8 10 5 15
G.723.1 MP-MLQ

/ACELP
5.3/6.3 30 7.5 37.5

AMR MR-
ACELP

4.75 — 12.2 20 0 20

Three codecs all have voice activity detection and silence suppression processing. The

frames are classified as normal speech frame, SID (Silence Insertion Description) frame and

null frame (non-transmitted frame).

2.4.3 Internet Low Bit Rate Codec — iLBC

Recent work in speech coding has led to the development of a predictive speech coder with

robustness to packet loss. The robustness to packet losses is obtained by a new design with a

self-contained codec state within each speech frame, and frame-independent long-term predic-

tion. The typical one is Internet Low Bit Rate Codec (iLBC) [38] which is a freeware speech

compression algorithm developed by Global IP Sound (GIPS). Comparing with traditional

code excited linear prediction (CELP), the iLBC can achieve better voice quality even under

severe packet loss conditions. The frame length for iLBC is 20ms (15.2 Kb/s) and 30ms (13.33

Kb/s). The iLBC is currently considered for standardization in the audio/video transport (AVT)

working group of the internet engineering task force (TETF) [38, 39].

2.4.4 Codec's Loss Concealment Algorithm

All four codecs (G.729, G.723.1, AMR and iLBC) have built-in loss concealment algo-

rithms, which can interpolate the parameters for the loss frames from the parameters of the

t http://www.globalipsound.com
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previous frames. For example, for the G.729 codec, the loss concealment algorithm works as

below:

The line spectral pair coefficients of the last good frame are repeated. The adaptive and

fixed codebook gain are taken from the previous frame but are damped to gradually reduce

their impact.

If the last reconstructed frame was classified as voiced, the fixed codebook contribution is

set to zero. The pitch delay is taken from the previous frame and is repeated for each follow-

ing frame. If the last reconstructed frame was classified as unvoiced, the adaptive codebook

contribution is set to zero and the fixed codebook vector is randomly chosen.

2.5 Network Performance Characteristics

2.5.1 Packet Loss and its Characteristics

Packet loss is a major source of speech impairment in Voice over IP networks. Such a

loss may be caused by discarding packets in the IP networks (network loss) or by dropping

packets at the gateway/terminal due to late arrival (late loss) as shown in Figure 2.5. Network

loss is normally caused by congestion (router buffer overflow), routing instability such as route

changes, link failure, and lossy links such as telephone modems and wireless links. Congestion

is the most common cause of loss [40, 41].

The packet loss behaviour of IP networks can be represented as a Markov process be-

cause several of the mechanisms that contribute to loss are transient in nature (e.g. network

congestion, late arrival of packets at a gateway/terminal, buffer overflow or transmission er-

rors) [42,43,44], which is in fact why packet loss is bursty in nature. Several models [45,46,47]

have been proposed for modelling network loss characteristics, which will be discussed briefly

in the following sections.
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Bernoulli Loss Model

In the Bernoulli loss model, each packet loss is independent (memoryless), regardless of

whether the previous packet is lost or not. In this case, there is only one parameter, the average

packet loss rate, which is the number of lost packets divided by the total number of transmitted

packets in a trace.

2-state Gilbert Model

Most research in VoIP networks use a Gilbert model to represent packet loss characteris-

tics [45, 48, 46]. In 2-state Gilbert model as shown in Figure 2.6, there are two states (state 0

and state 1). We define a random variable X as follows: X = 0 (state 0) is for a packet received

(no loss) and X = 1 (state 1) is for a packet dropped (loss). p is the probability that a packet

will be dropped given that the previous packet was received. q is the probability that a packet

will be dropped given that the previous packet was dropped. Let iro and 7r1 denote the state

probability for state 0 and 1, as 7r0 = P(X = 0) and 7r1 = P(X = 1), respectively.

P

1-q

Figure 2.6: 2-state Gilbert model

The procedure to compute 7r0 and 7r1 is as follows. At steady state, we have:

1

 7ro = (1 — p) • 7ro ± (1 — q)

7ro ± 7ri = 1

Thus 7r1 , the unconditional loss probability (ulp), can be computed as follows:

P 7ri =
p + 1 — q

7ri
(2.1)

(2.2)
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2.5. Network Performance Characteristics

The ulp provides a measure of the average packet loss rate. q is also referred to as the

conditional loss probability (c1p).

The Gilbert model implies a geometric distribution of the probability for the number of

consecutive packet losses k, that is the probability of a burst loss having length k, pk , can be

expressed as [46]:

Pk = P(/ = k) = (1 — q) • qic-1	 (2.3)

Y is defined as a random variable which describes the distribution of burst loss lengths with

respect to the burst loss events.

Based on Equation 2.3, the mean burst loss length E[Y] can be calculated as:

Note that E[Y] is computed based on q, the conditional loss probability (c1p) only, i.e.

that the value of the mean burst loss length is dependent only on the loss behaviour of two

consecutive packets.

The probability p and q can also be calculated from the loss length distribution statistics

from a trace. Let o, i = 1, 2, ... , n — 1 denote the number of loss bursts having length i, where

n — 1 is the length of the longest loss bursts. Let oo denote the number of delivered packets.

Then p, q can be calculated by the following equations [47]:

When p = q, the 2-state Gilbert model reduces to a Bernoulli model.

In the thesis, unconditional loss probability (ulp) and conditional loss probability (c1p)

are used to describe packet loss performance for a 2-state Gilbert model, as in [47] and [49].
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Alternatively, unconditional loss probability (ulp) and mean burst loss length are used as in [50]

and [51], which may provide a more practical meaning. The transition probability from state 0

to state 1 (value p) can also be calculated from unconditional loss probability and mean burst

loss length based on Equations 2.2 and 2.4.

Other Packet Loss Models

Other more complicated packet loss models include 3-state [50] or 4-state modified Markov

models [52], 8-state Markov chain models [53] and general nth order extended Gilbert model [46],

loss run-length and no-loss run-length models [47]. The 3-state or 4-state modified markov

models both introduce lossy periods (with high bursty) and lossless periods (in which no pack-

ets are lost). The 4-state one has been used in extended E-model [52, 51].

As the Internet changes so rapidly, there will be a continuous need to measure and further

model the Internet parameters (e.g. packet loss) to obtain perceptually more accurate packet

loss parameters for QoS monitoring or controlling purposes.

2.5.2 Delay and Delay Variation (Jitter)

Delay and delay variation (jitter) are the main network impairments that affect voice quality.

The end-to-end delay is the time elapsed between sending and receiving a packet. It mainly

consists of the following components [40]:

• Propagation delay: depends only on the physical distance of the communications path

and the communication medium. When transmitted over fiber, coax or twisted wire pairs,

packets incur a one-way delay of 5 us/km [41].

• Transmission delay: the sum of the time it takes the network interface to send out

the packet. Typical wide-area Internet links have OC-12 (622 Mb/s) speed, so that a

maximum-sized packet of 1,500 bytes suffers 20 its of transmission delay at each hop.
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• Queueing delay: the time a packet has to spend in the queues at the input and output ports

before it can be processed. It is mainly caused by network congestion.

• Codec processing delay: including codec's algorithmic delay and lookahead delay.

• Packetization/de-packetization delay: the time needed to build data packets at the sender,

as well as to strip off packet headers at the receiver.

• Playout buffer delay, the time waited at playout buffer at the receiver/terminal.

The ITU has recommended one-way delays no greater than 150ms for most applications [54],

with a limit of 400ms for acceptable voice communications.

Jitter is the statistical variance of the packet interarrival time and is caused mainly by the

queuing delay component. The IETF in RFC 1889 define the jitter to be the mean deviation

(the smoothed absolute value) of the packet spacing change between the sender and the re-

ceiver [33]. According to RFC 1889, the interarrival jitter should be calculated continuously as

each packet i is received. For one particular packet, the interarrival jitter Ji for the packet i is

calculated thus:

=	+ (ID(i —	— 4-0/16	 (2.6)

where D is the difference of the packet spacing.

We follow this definition for jitter calculation in the thesis.

2.6 Summary

The purpose of this chapter has been to present a background for VoIP networks, which

underpins the work presented in subsequent chapters. The basic VoIP network connections, the

protocol architecture, and the VoIP system structure have been described briefly. The concept

of perceived QoS and factors affect speech quality (e.g. packet loss, delay and jitter), the voice

coding technologies and the codecs used in the thesis (i.e. G.729, G.723.1, AMR and iLBC)
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have been introduced. Finally the network performance characteristics (e.g. packet loss, delay

and delay variation) are given.
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Chapter 3

Speech Quality Measurement

3.1 Introduction

The need to measure speech quality is a fundamental requirement in modern communica-

tions systems for technical, legal and commercial reasons. Speech quality measurement can

be carried out using either subjective or objective methods as shown in Figure 3.1. The Mean

Opinion Score (MOS) is the most widely used subjective measure of voice quality and is rec-

ommended by the ITU [3]. A MOS value is normally obtained as an average opinion of quality

based on asking people to grade the quality of speech signals on a five-point scale (Excellent,

Good, Fair, Poor and Bad) under controlled conditions as set out in the ITU standard [3]. In

voice communication systems, MOS is the internationally accepted metric as it provides a di-

rect link to voice quality as perceived by the end user [37]. The inherent problem in subjective

MOS measurement is that it is time consuming, expensive, lack of repeatability and cannot be

used for long-term or large scale voice quality monitoring in an operational network infras-

tructure. This has made objective methods very attractive to estimate the subjective quality for

meeting the demand for voice quality measurement in communication networks.

Objective measurement of voice quality in modern communication networks can be intru-

sive or non-intrusive. Intrusive methods are more accurate, but normally are unsuitable for

monitoring live traffic because of the need for a reference data and to utilize the network. A

typical intrusive method is based on the latest ITU standard, P.862, Perceptual Evaluation of
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3.2. Subjective Speech Quality Measurement

Speech Quality (PESQ) Measurement Algorithm [4]. This involves comparison of the refer-

ence and the degraded speech signals to obtain a predicted listening-only one-way MOS score,

as shown in Figure 3.2(a).

Non-intrusive methods do not need the injection of a reference signal and are appropriate

for monitoring live traffic. According to the difference of the inputs to the measurement unit,

there are two categories of non-intrusive methods, which are signal-based (the inputs are single-

end degraded speech signals) and parameter-based methods (the inputs are network or speech

related parameters) as shown in Figure 3.2(b) and (c).

ITU-T E-model [7] is the most widely used parameter-based non-intrusive voice quality

measurement method. It can predict the conversational MOS score directly from IP network

and/or terminal parameters [52, 9]. Signal-based methods (e.g. vocal tract model [55] ) aim

to predict voice quality by analyzing directly the in-service speech signal (a degraded signal)

without a reference signal.

In this Chapter, the subjective measurement methods are discussed in Section 3.2. Intrusive

speech quality measurement methods are presented in Section 3.3. The non-intrusive measure-

ment methods (mainly parameter-based methods) are introduced briefly in Section 3.4. This

thesis focuses on parameter-based non-intrusive methods for predicting voice quality.

3.2 Subjective Speech Quality Measurement

Subjective methods are crucial for benchmarking objective methods. The ITU P.800 [3]

describes several methods and procedures for conducting subjective evaluations of transmission

quality. The most commonly used method is Absolute Category Rating (ACR) test which gives

the Mean Opinion Score (MOS). Degradation Category Rating (DCR) is also used in some

occasions, which gives Degradation Mean Opinion Score (DMOS).

MOS test is normally carried out under controlled conditions in a laboratory (e.g. in sound

proof room). Great care is also required in defining the test conditions and interpreting the
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Figure 3.1: Classification of speech quality assessment methods
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Figure 3.2: Three main categories of objective quality measurement: (a) Comparison-based
methods, (b) Signal-based methods, (c) Parameter-based methods
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results. This makes MOS test time consuming, expensive and stringent.

3.2.1 Absolute Category Rating (ACR)

For Absolute Category Rating (ACR) listening test, subjects (untrained listeners) are asked

to rate the overall quality of a speech utterance being tested without being able to listen to the

original reference. The rating of quality is based on an opinion scale as shown in Table 3.1.

The average of opinion scores of the subjects gives the Mean Opinion Score (MOS).

Table 3.1: Opinion scale for ACR test
Category Speech Quality
5 Excellent
4 Good
3 Fair
2 Poor
1 Bad

3.2.2 Degradation Category Rating (DCR)

When speech samples of good quality are evaluated, ACR tends to be insensitive, to the

effect that small differences in quality are not detected. In such cases, Degradation Category

Rating (DCR) is normally used. DCR procedure uses an annoyance scale and a quality ref-

erence. Subjects are asked to rate annoyance or degradation level by comparing the speech

utterance being tested to the original (reference). The rating scales or the degradation levels are

shown in Table 3.2.

Table 3.2: Opinion scale for DCR test
Score Degradation level
5 Inaudible
4 Audible but not annoying

Slightly annoying
2 Annoying
1 Very annoying
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The average of the opinion scores of subjects in DCR is called Degradation Mean Opinion

Score (DMOS) [1].

In order to regulate the test and comparison between different subjective MOS tests, the

ITU P.800 defines a detailed requirement for conducting subjective tests which range from

the characteristics of the test material, test environment and test procedures. MOS tests are

normally carried out in a restricted, double-walled, sound-proof room. It makes subjective test

time-consuming, expensive and stringent. It encourages people working on different objective

measurement methods.

3.2.3 Other Subjective Test Methods

Other subjective test methods were proposed recently for better assessing time-varying mul-

timedia quality. Continuous scaled MOS tests [56] were carried out in which a slider was used

for each signal to indicate subject's opinion of the voice quality. The work is mainly for sub-

jective evaluation of multimedia services (e.g. audio-visual quality). Similarly, a Quality As-

sessment Slide (QUASS) [57] was used to continuously rate perceived quality along a specified

dimension for audio-visual applications.

3.3 Intrusive Speech Quality Measurement

3.3.1 Introduction

Intrusive, objective speech quality measurement systems normally use two input signals,

namely a reference (or original) signal and the degraded (or distorted) signal measured at the

output of the network or system under test. They are referred as intrusive due to the injection of

test signals and the need to utilize the network. They are more accurate to measure end-to-end

perceived speech quality and are unsuitable for monitoring live traffic.

There are a variety of objective speech quality measurement methods, which are normally
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classified into three major groups. The first group is time domain measures, such as Signal-to-

Noise Ratio (SNR) and Segmental Signal-to-Noise Ratio (SNRseg). These methods are very

simple to implement, but are not suitable for estimating the quality for low bit rate codec and

modern networks. The second group is spectral domain measures, such as the Linear Predictive

Coding (LPC) parameter distance measures and the cepstral distance (CD) [1] measure. These

distortion measures are closely related to speech codec design and use the parameters of speech

production models. Their performance is limited by the constraints of the speech production

models used in codecs. In contrast to the spectral domain measures, the perceptual domain

measures, are based on models of human auditory perception. They have been shown to be the

most successful objective speech quality measures so far. These measures transform speech

signal into a perceptually relevant domain such as bark spectrum or loudness domain, and

incorporate human auditory models.

Typical perceptual measure methods are Perceptual Speech Quality Measure (PSQM) [58,

59], Perceptual Assessment of Speech Quality' (PAMS) [60,61], Measuring Normalizing Blocks

(MNB) [62, 63], Enhanced Modified Bark Spectral Distortion (EMBSD) [64, 65] and Percep-

tual Evaluation of Speech Quality (PESQ) [4,66] which is the latest ITU standard for assessing

speech quality for communication systems and networks.

The basic structure of the perceptual measure methods is illustrated in Figure 3.3. It con-

sists of two modules: perceptual transform module and cognition/judge module. The perceptual

transform module transforms the signal into a psychophysical representation that approximates

human perception. The cognition/judge model can map the difference between original (refer-

ence) and distorted (degraded) signals into estimated perceptual distortion or further to Mean

Opinion Score (MOS) scale.

3.3.2 Perceptual Speech Quality Measure (PSQM)

PSQM was developed by PTT research (now KPN), the Netherlands, in 1994 [59]. PSQM

was adopted as ITU-T Recommendation P.861 [58] and replaced by ITU-T Recommendation
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Original
Speech Perceptual

Transformation
Module Estimated

Cognition/ Distortion
Judgment

Distorted Module
Speech I	Perceptual

Transformation
Module

Figure 3.3: Basic structure of perceptual speech quality measurement

P.862 PESQ (see Section 3.3.5) in 2001.

PSQM transforms the speech signal into the loudness domain, modifying some parameters

in the loudness calculation in order to optimize performance. PSQM applies a nonlinear scaling

factor to the loudness vector of distorted speech. The scaling factor is obtained using the loud-

ness ratio of the reference and the distorted speech. The difference between the scaled loudness

of the distorted speech and loudness of the reference speech is called noise disturbance. The

final estimated distortion is an average noise disturbance (ND) over all the frames processed.

Silence portions have only a small weight in the calculation of distortion. The PSQM computes

the distortion frame by frame, with the frame length of 256 samples (8 KHz sampling) with

50% overlap. The result is shown in noise disturbance as a function of time and frequency. The

average noise disturbance is directly related to the quality of coded speech.

PSQM+ [67] was proposed by KPN to improve the performance of PSQM for loud dis-

tortions and temporal clipping. PSQM+ uses the same perceptual transformation module as

PSQM. Comparing to PSQM, an additional scaling factor is introduced when the overall dis-

tortion is calculated. This scaling factor makes the overall distortion proportional to the amount

of temporal clipping distortion. Otherwise, the cognition module is the same as PSQM.
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3.3.3 Measuring Normalizing Blocks (MNB)

MNB was developed at the US Department of Commence in 1997 [62, 63]. It empha-

sizes the important role of the cognition module for estimating speech quality. MNB models

human judgment on speech quality with two types of hierarchical structures. MNB employs

two types of calculation in deriving a quality estimate: time measuring normalizing blocks

(TMNB) and frequency measuring normalizing blocks (FMNB). Each TMNB integrates over

frequency scales and measures differences over time intervals while the FMNB integrates over

time intervals and measures difference over frequency scales. After calculating 12 MNBs,

these MNBs are linearly combined to estimate overall speech distortion in Auditory Distance

(AD) (as shown below). Unlike PSQM, MNB does not generate a distortion value for each

frame since each MNB is integrated over frequency or time intervals. There are two MNB

structures that offer relatively low complexity and high performance as estimators of perceived

speech quality across a wide range of conditions and quality level. They are referred to as MNB

structure 1 and MNB structure 2.

12
AD = E weights • m(i)

i=1

These values are then passed through a logistic function to create L(AD). The logistic func-

tion is:

L(z) =
1 ± ea•z+b

L(AD) values range from zero to one and are positively correlated with perceived speech

quality.
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3.3.4 Enhanced Modified Bark Spectral Distortion (EMBSD)

The EMBSD was developed at Temple University, USA. [64]. The previous version is

MBSD [65]. It can be classified as a perceptual domain measure that transforms the speech

signal into a perceptually relevant domain which incorporates human auditory models. The

MBSD is a modification of the BSD [68] in which the concept of a noise-masking threshold

is incorporated, that differentiates audible and inaudible distortions. The MBSD assumes that

loudness differences below the noise masking threshold are not audible and therefore are ex-

cluded in the calculation of the perceptual distortion. The MBD computes the distortion frame

by frame, with the frame length of 320 samples using 50% overlap. The MBSD uses a simple

cognition model to calculate the distortion value. The distortion value for an entire test speech

utterance was obtained by averaging over all non-silence frames. The EMBSD is an enhance-

ment of the MBSD measure in which some procedures of the MBSD have been modified and

a new cognition model has been used. This new cognition model is based on post-masking

effects.

3.3.5 Perceptual Evaluation of Speech Quality (PESQ)

PESQ [4,5,6] is the latest ITU standard for objective speech quality assessment for narrow-

band telephony network and codecs. It was specifically developed to be applicable to end-to-

end voice quality testing under real network conditions, such as VoIP, ISDN etc. It was devel-

oped by KPN Research, the Netherlands and British Telecommunications (BT), by combining

the two advanced speech quality measures PSQM+ and PAMS.

Real systems may include filtering and variable delay, as well as distortions due to channel

errors and low-bit-rate codes. Previous models, such as PSQM and MNB have not taken proper

account of filtering, variable delay and short, localized distortions. PESQ addresses these ef-

fects with transfer function equalization, time alignment, and a new algorithm for averaging

distortions over time. It makes the PESQ the only objective measurement algorithm suitable
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for VoIP applications.

Unlike PSQM, MNB, and EMBSD, the objective MOS score at five grade scale (e.g., ex-

cellent = 5 and bad = 1) is directly calculated from PESQ algorithm. It makes the applications

very convenient. Within the comparison test between PESQ and other objective test measure-

ment algorithms, PESQ meets all requirements set on the 22 known ITU benchmark experi-

ments, which cover 7 languages (e.g. English, French, German, Dutch, Swedish, Italian and

Japanese) [69,70]. The average correlation over all 22 known experiments is 0.935.

All these algorithms have been applied in our research. As PESQ algorithm (C source

code) has just become available in 2001 from ITU-T, it was added to our system when it was

available.

3.3.6 Perceptual Evaluation of Speech Quality - Listening Quality

(PESQ-LQ)

PESQ-LQ [71] is the latest improvement on PESQ. As PESQ score may be between -0.5

and 4.5, while ACR listening quality MOS is on a 1-5 scale. PESQ-LQ was proposed to

implement the mapping from P.862 PESQ score to an average P.800 ACR LQ MOS scale, in

the range of 1 to 4.5. PESQ-LQ is defined as follows, where x is the P.862 PESQ score and y

is the corresponding PESQ-LQ score:

1 1.0	 for x < 1.7
Y =

—0.157268x3 + 1.386609x2 — 2.504699x + 2.023345 for x > 1.7

The function form of PESQ-LQ is shown in Figure 3.4.

(3.1)
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1.5	2	2.5	3	3.5
	

4
	

45
P.862 PESQ score

Figure 3.4: Mapping from PESQ score to PESQ-LQ

3.4 Non-intrusive Speech Quality Measurement

3.4.1 Introduction

Unlike intrusive methods described in Section 3.3, in which, a reference/test signal is in-

jected into the tested system/network and live traffic has to be interrupted during the test, non-

intrusive speech quality measurement methods do not need the injection of a reference signal

and are appropriate for monitoring live traffic.

There are two categories of non-intrusive speech quality prediction methods. One is to

predict speech quality directly from varying IP network impairment parameters (e.g. packet

loss, jitter and delay) and non-IP network parameters (e.g. codec, echo, language and/or talker

issues) as shown as Method 2 (parameter-based) in Figure 3.5. The purpose is to establish the

relationship between perceived speech quality and network or non-network related parameters.

Typical methods are E-model and artificial neural network (ANN) models, which are presented

in Sections 3.4.2 and 3.4.3, respectively. Another approach is to predict speech quality di-

rectly from degraded speech signal (or in-service signal) using signal processing methods as

in Method 1 (signal-based or output-based), Figure 3.5. The in-service speech signal can be

derived directly from Ti/El links as shown in the figure. Representative methods are INMD
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