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IMPROVED JITTER BUFFER AND PLAYOUT MANAGEMENT APPROACH

Abstract

The popularity and adoption of Voice over Internet Protocol (VoIP) communications

have risen at an unprecedented level in the recent decade as an alternative to conventional

telephony technologies, such as Public Switched Telephone Service (PSTN). At the core of

the attractions for VoIP is its use of ubiquitous Internet Protocol and IP infrastructure,

ability to integrate with other applications and provide advanced voice, video, and data

services on commodity devices for wide-ranging use cases. The recent COVID-19 pandemic

has even further expanded, and revealed the importance of, the use of such Voice and Video

communication over IP technologies in many domains.

However, VoIP significantly differentiates from its predecessor technologies in many di-

mensions. From a transmission perspective, for instance, the packet-switched transport

medium of the IP networks was not initially engineered for near real-time scenarios such

as voice communications. The real-time constraints of VoIP applications make them highly

sensitive to the impairments inherent in IP networks. Additionally, IP networks and the

Internet also has seen dramatic changes and grown in complexity and heterogeneity with

new types of technologies, such as 3G, LTE, 5G, various Wi-Fi technologies, to name just

a few. The volume of data transmitted over the IP networks has also been breaking new

records every year. All these contribute to the issues that IP networks present and VoIP

solutions need to mitigate, such as network congestions, delay spikes, jitter, packet loss.

The emergence of WebRTC made VoIP technologies much more pervasive than ever

before. Billions of WebRTC applications are serving billions of people, whether it is for



a social conversation or virtual business-critical meeting. Consequently, the quality issues,

WebRTC and VoIP solutions manifest, remain an important challenge today.

In this thesis, we study the Quality of Service (QoS) and Quality of Experience (QoE)

aspects in VoIP communications. In particular, we analyse and document the principles of

the jitter buffer and playout management approach in WebRTC. We experimentally evaluate

its performance under an extensive collection of network conditions with high delay and jitter.

Consequently, we highlight the QoS and QoE issues and quantify the impact of the network

impairments using QoS metrics and speech quality assessment models. A dual approach of

real-world packet traces and network simulations is taken. The former is used to quantify

the performance against the real-world Wi-Fi and LTE settings, while the latter is used to

produce a broader range of artifical network distortions and assess the impact.

We propose, implement, and validate an improved jitter buffer and playout management

algorithm which mitigates the speech quality distortions caused by temporal network im-

perfections with high delay and jitter that result in arrivals of packets in bursts. We have

identified that WebRTC removes all the packets stored in the jitter buffer once a packet ar-

rives at a full jitter buffer. This causes a colossal packet drop rate resulting in a voice quality

degradation. The results have shown that the proposed approach can prevent the excessive

packet drops that otherwise would occur. We perform a comparative analysis to benchmark

the proposed approach and the approach in the prior art. As an objective listening quality

assessment method, the ITU-T Rec. P.863 model was deployed, and the MOS-LQOf results

have confirmed the quality improvement provided by the proposed approach.
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Chapter One

Introduction

The Internet has dramatically evolved in the last several decades. One of the many ways

that it has impacted our daily lives is how we communicate with others. Most of the voice

communications today is taking place over the Internet or the IP networks, referred as

Voice Over Internet Protocol (VoIP), rather than the Public Switched Telephone Network

(PSTN). PSTN is the voice communication service provided by the traditional landline

circuit-switched networks.

The outbreak of COVID-19 has further accelerated the use of online communications and

resulted in unprecedented levels of utilisation of voice and video communications around the

world for both social and business purposes. Voice and video meetings have become the new

norm since people are able to continue to communicate in near real-time while complying

with travel restrictions and social distancing policies to prevent further spread of the virus.

The clarity, availability, intelligibility, stability, or brie�y, quality of the user experience of

the voice and video calls have a notable in�uence on the quality of life for people who spend

their days in virtual meetings [1]. Since the real-time communication technologies are the

key facilitator in this matter, the research and development e�orts in this domain, therefore,

have greater importance than ever.

1



1.1 Voice over Internet Protocol

The novelty that VoIP o�ers over its predecessor technologies is that it employs a packet-

switching based voice transport mechanism across the IP networks. This inherent nature

of packetisation in VoIP is a signi�cant di�erentiation from the PSTN [2]. At the core of

attractions for VoIP is its use of ubiquitous Internet Protocol, IP infrastructure, and merging

and integrating VoIP with rich content, advanced voice, video, and data services [2, 3].

VoIP, along with developments in the Internet, software, mobile, and telecommunication

technologies, heralded a vast range of innovative and economically feasible solutions to the

modern-day problems. Nevertheless, it has to cope with the intrinsic nature of Internet

networks and Internet Protocol in order to satisfy the user expectations for the voice service,

which were initially set by the PSTN. Unlike the PSTN, Internet and IP networks, in general,

are non-deterministic mediums, and they o�er abest-e�ort service.

IP networks accomplish more e�cient bandwidth sharing, cost-e�ective deployment by

unifying voice and data services in a single infrastructure compared to older technologies

such as circuit-switching [4]. On the other hand, due to the aforementioned attributes of

IP networks such as non-deterministic and best-e�ort nature, packets may be exposed to

network impairments such as packet loss, congestion, out-of-order transmission, long delays,

packet bursts, and delay variations. Delay variations are also known asjitter . VoIP solutions

embody components, such as packet loss concealment and jitter bu�er management, in order

to mitigate these network imperfections.

1.2 Web Real-Time Communications � WebRTC

A typical VoIP solution, as a real-time communication (RTC) solution, is composed of many

components, details of which are explained in Chapter 2. WebRTC, Web Real-Time Commu-

nications, is a standardisation e�ort for real-time communications (RTC) by the World Wide

2



Web Consortium (W3C) [5] and the Internet Engineering Task Force (IETF) [6]. There is

also an open-source project with the same name, i.e. WebRTC, to implement the standards

[7]. The software developed by WebRTC project today runs on billions of devices [8], and a

countless number of Voice over IP (VoIP) calls are taking place every day over the Internet.

In this thesis, we study the VoIP implementation in WebRTC with a speci�c focus on the

jitter bu�er and playout management.

1.3 Main Research Motivation

Research and development e�orts on VoIP technologies have accelerated in the last decade

with the increase in VoIP deployments. IP telephony, conferencing technologies, Over-The-

Top (OTT) services, and now the emergence of WebRTC made VoIP technologies much

more ubiquitous than ever before. Furthermore, with the continuous improvement of mod-

ern multimedia, mobile, web, and telecommunication technologies, users expect to receive

the highest quality on every platform under any network conditions. Therefore, real-time

multimedia communications among people require high quality. In order to satisfy this grow-

ing requirement, much research in di�erent dimensions has been conducted to improve the

Quality of Experience delivered to the end-users.

Although VoIP applications produce voice packets at a constant rate, for instance, one

packet every 20 milliseconds, the regularity of VoIP packets is impaired by the stochastically

varying conditions of packet-switched networks, typically due to e�ects of routing, queuing,

scheduling and serialization on the path through the packet-switched networks [9]. Therefore,

the RTP packets arrive with random jitters in their arrival time to the destination, and they

may also arrive out of order. Because the decoders typically expect a speech packet at

the packetisation frequency to output speech samples in periodic blocks, a jitter bu�er is

employed to absorb the jitter in the packet arrival time [10]. Packets arriving later than

their playout time are typically discarded. Additionally, if too many packets or better to

3



say more packets than jitter bu�er can hold, arrive, packets will again be discarded. This

situation is called a bu�er over�ow. Consequently, the ability of jitter bu�er management

logic to absorb network jitter gets superior as the jitter bu�er size gets larger [9] [10].

On the other hand, VoIP services are sensitive to delay, therefore it is critical to keep the

end to end delay as low as possible to maintain bi-directional conversation and interactivity.

Conversational quality degrades if the end to end delay starts going above a perceivable

levels and caveats, such as parties starting to talk over each other, occur [2] [4] [3]. In other

words, while larger jitter bu�er sizes prevent the late packet loss, it may result in an extended

end-to-end delay which degrades the conversational VoIP quality. Jitter bu�er and playout

management solutions deal with this trade-o� by adequately adjusting the jitter bu�er size.

The degradations, such as packet loss and jitter, introduced by packet-based transmis-

sions, are time-varying by nature [3]. These degradations can cause a signi�cant perceptual

impairment [11]. It is worth noting here that impairments caused by time-varying degrada-

tions perceptually di�er from those caused by the stationary degradations [3].

Modern VoIP solutions employ techniques to adapt to the present network conditions.

For instance, techniques such as packetisation interval adjustments, altering bitrate, packet

redundancy, and jitter bu�er adaptations are applied. With the increased use of mobile

and Wi-Fi networks, jitter is more prevalent in real-time communications. Therefore, jitter

bu�er management techniques, with a focus on packet bursts and WebRTC implementation,

are at the core of this thesis. A novel jitter bu�er management, with a packet burst-aware

approach, is proposed in this thesis.

Speech quality is derived from the assessment of the perceived speech under examina-

tion with regards to its features in terms of its suitability to ful�l the expectations [12].

Speech quality is a multi-dimensional phenomenon, and it spans a perceptual feature space,

as detailed in [3]. Regarding the acceptance of telephony or VoIP service, speech quality

assessment, among others, is one of the essential criteria. There is a perceptual side to this

assessment as it is the user of the system who �nally decides the quality delivered. There-
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fore, auditory or conversation tests are employed in order to correctly describe the perceptual

reality for the user [3]. These tests are categorised as subjective tests.

Subjective tests are, due to its nature of involvement of human subjects, slow and expen-

sive. Thus, objective speech quality assessment techniques, using perceptual measurements

approach, are designed and developed to simulate the behaviour of a subject rating the

speech quality in a listening test [13]. International Telecommunication Union (ITU) stan-

dardised the objective speech quality measurement methods and released recommendations

in the last several decades. Perceptual Speech Quality Measure (PSQM) was �rst standard-

ised in ITU-T Rec. P.861 [14] in 1996 and its successor Perceptual Evaluation of Speech

Quality was standardised in ITU-T Rec. P.862 [15] in 2000, and �nally Perceptual Objective

Listening Quality Assessment (POLQA) was standardised in ITU-T Rec. P.863 [16] in 2011.

POLQA is the state-of-art objective speech quality prediction model standardised by ITU,

and it has seen some revisions to enhance the model to deal better with numerous degrada-

tion types and produce more accurate results complying with subjective assessments. Both

terms, ITU-T Rec. P.863 and POLQA, are interchangeably used in the literature and this

thesis. Outside of the ITU, there are also e�orts for developing objective speech quality

assessment models, such as the Virtual Speech Quality Objective Listener (ViSQOL) [17].

In order to evaluate the quality of speech produced by the experimented technologies, i.e.

WebRTC components, the state-of-art objective model, i.e. the ITU-T Rec. P.863 model, is

employed in this study.

WebRTC has become a pervasive technology in recent years. Although there are many

solutions developed using WebRTC libraries, mainly developed as part of the open-source

WebRTC project [7], there are not su�cient publications describing the components em-

ployed in WebRTC research. Consequently, there are not many research methodologies

around WebRTC stack. Related WebRTC components and research methodology for We-

bRTC experimentation, with a focus on the topics as mentioned above, are also a topic

studied in this thesis.
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1.4 Hypothesis

A burst-aware jitter bu�er and playout management algorithm can be modelled and imple-

mented to improve the perceived speech quality. Burst-awareness allows the jitter bu�er

and playout management control logic to make a more informed decision for the bu�er and

playout strategy in the event of a packet burst. For instance, it can eliminate extensive

bu�er over�ows.

1.5 Research Questions

With the research motivation and hypothesis described in the previous sections in mind, this

thesis seeks to address the following key questions:

Q.1 What are the approaches deployed in the jitter bu�er and playout management algo-

rithms in the modern VoIP solutions such as WebRTC?

Q.2 How does WebRTC's jitter bu�er and playout management algorithm perform under

high jitter?

Q.3 Can the proposed burst-aware jitter bu�er management approach be implemented in

the VoIP components of WebRTC and if so, what are the bene�ts and drawbacks of

using such an approach?

1.6 Research Objectives

In light of the research motivation and research questions, the following objectives are set

out.

O.1 Undertake a fundamental investigation and review of the jitter bu�er and playout man-

agement algorithm in modern VoIP solutions and techniques used to combat network
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impairments. Scrutinise the design, inner workings, and implementation of WebRTC's

jitter bu�er and playout management approach. The accomplishment of this objective

addresses the research questionQ.1.

O.2 Conduct fundamental experimentation to quantify the impact of network impairments

such as major delay spikes and high jitter. Identify the degree of quality distortion

perceived by the end-user using quality of service metrics and speech quality assessment

models. The accomplishment of this objective addresses the research questionQ.2.

O.3 Design, develop, and implement a novel jitter bu�er and playout management algo-

rithm by extending the existing approaches that can increase perceived speech quality

under impaired network conditions with high delay spikes and jitter. Conduct exper-

imentation to test and validate the proposed approach using real-world and arti�cial

network traces. The accomplishment of this objective addresses the research question

Q.3.

The accomplishments of these objectives constitute the core of the contributions outlined

in the next section of this study.

1.7 Research Contributions

In this thesis, we present the following contributions:

� We present a survey of the state-of-the-art literature on the relevant topics.

� We provide a detailed understanding of the fundamental components of a modern

VoIP application and understanding the relationship among these components, network

impairments (e.g. packet loss, delay, and jitter), and speech quality. A thorough

understanding of the perceptual e�ects of the key parameters on the speech quality is
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of critical importance as it forms the basis for the design of a robust jitter bu�er and

playout management algorithm.

� A broad view on the jitter bu�er and playout algorithms is shared to establish the the-

oretical background. This is followed by a focused look into the WebRTC's approach in

this matter to understand its design principles, theoretical foundations, architectural

building blocks, and implementation approaches. We identify that time-scale modi�-

cation approach to playout the sound signal whiling adjusting the jitter bu�er level

towards the target bu�er level is the preferred way of WebRTC to adapt to present

conditions. We also identify that if a new packet arrives to a full jitter bu�er, WebRTC

discards all the packets in the bu�er.

� We present the quality issues WebRTC exhibits under network conditions with high de-

lay and jitter. Time-scale modi�cations and particularly packet discards are identi�ed

as the main contributors to the perceptible temporal distortions.

� We design, develop, and implement an improved jitter bu�er and playout management

that can better address the issues identi�ed. In order to test and validate the proposed

technique, we carry out an extensive set of experiments with wide-ranging test condi-

tions and empirical evaluation of the proposed approach against the approach in the

prior art.

We disseminate our contributions and �ndings to the wider research community via the

peer-viewed articles in international conferences, journals, and various presentations and

reports in workshops as listed in the next section.

1.8 Publications

Listed below are the publications that emerged from this work.
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Conference publications

� Yusuf Cinar and Hugh Melvin. �Webrtc quality assessment: Dangers of black-box

testing�. In: The 10th International Conference on Digital Technologies 2014. IEEE.

2014, pp. 32�35 [18]

� Yusuf Cinar, Hugh Melvin, Peter Pocta, and Mohannad Al-Ahmadi. �Containerisa-

tion in Multimedia Research Test Beds�. In: Proc. 5th ISCA/DEGA Workshop on

Perceptual Quality of Systems (PQS 2016). 2016, pp. 142�145 [19]

� Mohannad Al-Ahmadi, Yusuf Cinar, Hugh Melvin, and Peter Pocta. �Investigating the

Extent and Impact of Time-Scaling in WebRTC Voice Tra�c Under Light, Moderate

and Heavily Congested Wi-Fi APs�. In: 5th ISCA/DEGA Workshop on Perceptual

Quality of System (PQS). 2016 [20]

This publication reports some of the issues observed with the current jitter bu�er

implementation in WebRTC, as described in Chapter 5. Wi-Fi packet traces employed

in the tests, as outlined in Chapter 6, originate from the experiments conducted for

this publication.

� Jonathan Shannon, Padraig O'Flaithearta, Yusuf Cinar, and Hugh Melvin. �Enhancing

multimedia QoE via more e�ective time synchronisation over 802.11 Networks�. In:

Proceedings of the 7th International Conference on Multimedia Systems. 2016, pp. 1�9

[21]

� Yusuf Cinar, Peter Pocta, and Andrew Hines. �Playout again Sam: Jitter Bu�er

Playout Adjustments Still an Issue for Speech Quality Prediction Models?� In:Irish

Signals and Systems Conference. IEEE. 2020 [22]

Parts of this publication appears in this thesis, Chapter 6 in particular.
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Journal publications

� Yusuf Cinar, Hugh Melvin, and Peter Pocta. �A black-box analysis of the extent of

time-scale modi�cation introduced by webrtc adaptive jitter bu�er and its impact on

listening speech quality�. In: Communications-Scienti�c letters of the University of

Zilina 18.1 (2016), pp. 17�22 [23]

This publication reports some of the issues in the prior art as discussed in Chapter 6.

� Yusuf Cinar, Peter Pocta, Des Chambers, and Hugh Melvin. �Improved Jitter Bu�er

Management for WebRTC�. in: ACM Transactions on Multimedia Computing, Com-

munications, and Applications (TOMM) (Accepted in July 2020 for publication.) [24]

Parts of this publication appears in this thesis, Chapter 5 and 6 in particular.

Other publications and presentations

� Yusuf Cinar, Hugh Melvin, and Peter Pocta. �WebRTC: Dangers of Black box Quality

Testing�. In: 7th Qualinet General Meeting. Berlin, 2014 [25]

� Yusuf Cinar, Hugh Melvin, Peter Pocta, and Andrew Hines. �Black box analysis

of WebRTC jitter bu�er behaviour and impact on PESQ and POLQA�. in: ETSI

Workshop on Telecommunication Quality beyond 2015. Vienna, 2015 [26]

� Yusuf Cinar and Hugh Melvin. �Containerisation of Multimedia Research Test Beds

(Paper and Poster)�. In: NUI Galway - University of Limerick Alliance 6th Postgrad-

uate Research Day. Limerick, 2016 [27]

� Yusuf Cinar and Peter Pocta. �An investigation of behaviour of the current speech and

audio quality prediction models in the context of WebRTC�. in: COST Short Term

Scienti�c Mission Report. 2017 [28]
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1.9 Thesis Outline

The current chapter has served as an introductory chapter by providing a context for the

work carried out in this thesis. It has brie�y introduced VoIP, WebRTC, and some funda-

mental concepts required to explain the research motivation such as speech quality, network

distortions, and jitter bu�er and playout management. It then conveyed the research ques-

tions and objectives. Additionally, it presented an overview of the research contributions as

well as the list of publications and presentations that emerged from this work.

Chapter 2 reviews the core concepts in a Voice over IP system. It provides the reader

with the fundamental background on the main components, system structure, and protocols

deployed in the VoIP systems. It explains the details of the journey of speech signals over

IP networks from generation on the sender side to rendering on the receiver side. Jitter

bu�er management and packet loss recovery components are described. It then moves on to

describing real-time transport protocol and signalling in VoIP components. Finally, WebRTC

and its software architecture are discussed.

Chapter 3 presents the Quality of Service and Quality of Experience concepts and their

signi�cance in the context of VoIP system is summarised. Network impairments and how

they impact Quality of Service, and consequently Quality of Experience, are outlined. This

chapter also discusses the factors and dimensions of Quality of Experience in VoIP explicitly.

Chapter 4 explores the methodology for assessing speech quality. Both objective and

subjective assessment methods are discussed with a more detailed taxonomy to cover most

of the state-of-the-art assessment methods. Before embarking on an in-depth examination

of objective assessment methods, it provides a detailed account on subjective speech quality

assessment, Absolute Category Rating, Degradation Category Rating, Comparison Category

Rating as these concepts and techniques are heavily used and inherited in objective assess-

ment models. Overview of the objective assessment is provided, followed by a description

and examples of intrusive and non-intrusive models.
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Chapter 5 discusses the jitter bu�er and playout management approaches. After provid-

ing a signi�cant body of literature starting with the pioneering techniques, it moves on to

modern jitter bu�er and playout management algorithms, such the one used in WebRTC. A

comprehensive analysis of the algorithm, design principles, and source code implementation

deployed in WebRTC is provided.

Chapter 6 commences by outlining the speci�c issues with the jitter bu�er and playout

management approach in prior art under certain network conditions. Studies revealing the

issues are also reviewed. From this review, the basis and rationale for, and design of, the pro-

posed improved jitter bu�er and playout management approach are produced and explained

to describe how it can better counter such network impairments. The methodology for the

implementation, experimentation, and validation is discussed. The results, with a broad

range of test conditions, are then presented to con�rm the applicability and performance of

the proposed approach. Discussion section of this chapter covers the side e�ects as well as

the further enhancement opportunities of the proposed approach.

Chapter 7 concludes the thesis. It provides a summary of the completed work which

describes the principle contributions made. Finally, several avenues for further research are

described for future work.
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Chapter Two

General Context on VoIP and WebRTC

This chapter presents the core concepts and principal components in the context of a VoIP

application. In doing so, some essential components, such as jitter bu�er management, packet

loss concealment, and signalling components, are covered. Real-time Transport Protocol, as

the underlying defacto transport protocol used by the VoIP systems, is described. Finally,

WebRTC, with a focus on its VoIP capability, is introduced.

2.1 Overview of a VoIP Application

A typical VoIP application or device embodies the fundamental components which carry out

processes required for sending and receiving VoIP data. On the sending side, these compo-

nents carry out processes such as digitisation of the analogue signals, encoding of the digital

signals into coded frames, packetisation of the frames, and transmission onto the network

interface. Similarly, from the receiver perspective, processes involving receiving packets from

the network interface, de-packetisation of the packets into coded frames, decoding frames

and converting the digital signals to analogue are performed. Figure 2.1 illustrates some of

the components involved in the transmission of voice.

First of all, the analogue voice signal is captured and converted to digital signals. Con-

version from analogue to digital signal has two main aspects: sampling and quantisation.
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Figure 2.1 Schematic representation of the speech processing steps involved in a
VoIP application or device and subsequent transmission. Adopted and modi�ed
from Raake [3].
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Band Type Frequency Range (Hertz) Sampling Rate (Hertz)

Narrowband 300-3400 8000

Wideband 100-7000 16000

Super-wideband 50-14000 32000

Fullband 20-20000 48000

Table 2.1 Bands, frequency ranges and sampling rates

Sampling techniques use the Nyquist�Shannon theorem, which states that an analogue sig-

nal has to be sampled at a frequency that is greater than the twice the analogue signal

frequency in order to get a good digital representation of the analogue signal [29]. The

process of sampling the continuous-time voice signal produces a discrete-time signal based

on a given sampling rate, which depends on the target band. Table 2.1 presents the band-

widths used in VoIP, and telephony in general, along with their corresponding sampling

rates as described in the Recommendation G.100 by the Telecommunications Division of

International Telecommunication Union (ITU-T) [30]. For instance, narrowband telephony

requires a sampling of 8000 Hz, meaning that one-second-long continuous-time voice signal

is represented with 8000 samples.

Quantisation, on the other hand, is the process to describe the magnitude of each sample

with a given number of bits, for instance, 8-bits or 16-bits. In PSTN and early VoIP systems,

Logarithmic Pulse Code Modulation (PCM) is/was the typically employed technique. For

instance, a signal sampled at 8000 Hz with 8-bit PCM would create a bitrate of 64 kbit/s.

A VoIP client typically includes a sender-side component for noise reduction/suppression

and echo cancellation to deliver a desirable acoustic performance to the receiver. Speech

signal may be captured in a noisy background which may produce noise signals with tempo-

rally varying frequencies and amplitudes. Additionally, the signals emitted from the speaker

of the VoIP client may be captured by the microphone to be transmitted, i.e. echoed, to the

remote party. Both the noise and acoustic echo impacts the intelligibility of the conversa-
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tion [3], therefore echo canceller and noise reduction components are used to suppress their

e�ects. Long transmission delays can result in audible talker acoustic echo, and therefore,

may considerably reduce the interactivity, which is a core dynamic of VoIP conversations

[31].

In a telephone conversation between two parties, typically one party speaks and send

speech signals at a time while the other party is silent, except the times when both parties

speak over each other. The speech, in e�ect, is composed of active speech (talkspurts) and

silence periods [32, 33]. After cancelling the remote talker's acoustic echo and suppressing the

background noise, a VoIP client may employ a Voice Activity Detection (VAD) component

to determine whether the resulting signal contains active speech [34]. If it is detected that

there is no speech signal, a discontinuous transmission algorithm (DTX) may decide to emit

the parameters of an approximate background signal instead of the actual signal in order to

lower the required transmission bandwidth and energy consumed [3].

After VAD component, the bit-stream of the digitised voice signal is provided into an

audio coding component, i.e. codec for compressing purposes. The number of bits repre-

senting the original signal is reduced so that the required amount of transmission bandwidth

and storage is minimised [35]. Reducing the required transmission bandwidth is essential,

especially for networks with limited capacities, such as rural mobile networks. VoIP clients

with a sender-side error concealment strategy may use techniques such as Forward Error

Correction (FEC) or Low Bit-rate Redundancy (LBR) to send a redundant copy or a low

bitrate coded form of the encoded speech signal [3].

The encoded speech signal is packetised into Real-time Transport Protocol (RTP) packets

by the RTP module. VoIP client places the RTP packets into the networking stack on the

Operating System of the device. Networking stack, in turn, wraps the RTP packets into

typically UDP packets, as further described in Section 2.1.3, and to IP packets later so that

it can be emitted to the network components to be delivered to the destination VoIP client

over the IP network where the packets may be exposed to a constant delay, time-varying
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delay (jitter), and network packet loss due to the imperfect network conditions.

Processes and �ows occurring on the sender side of the VoIP conversation are described

above. On the receiver side of the VoIP conversation, RTP packets are provided to the

VoIP client from the networking stack. RTP module then de-packetises the RTP packets

and passes the encoded speech frame to the jitter bu�er management component and loss

recovery component. The jitter bu�er management and loss recovery are further described

below. Encoded speech frames are then picked from the jitter bu�er and dispatched to the

speech decoder for decoding. Decoded speech stream may undergo a speech enhancement

algorithm in order to reconstruct a clean speech stream from a possibly noise-corrupted

speech stream [36]. As pointed out by Beerends et al. [37], in VoIP and telephony in

a general sense, the objective is not to establish a transparent link between the talker's

mouth and listener's ear, but to provide the best possible speech-quality at the listener's ear.

Therefore, speech enhancement techniques are employed to improve end-to-end perceived

speech quality. Examples for such techniques are timbre optimisations and noise suppression

which suppresses a small amount of breathing noise, too [37]. Finally, the digital signal is

converted to an analogue signal and delivered to the speaker of the VoIP terminal as the last

step to play out the speech to the listener.

Although mostly similar, the sequence of the internal processes for the �ow of the speech

stream on the path from sender to the receiver in a VoIP client, as depicted in Figure 2.1, is

not strictly identical in every implementation. For instance, it is not uncommon in some VoIP

client implementations to process de-packetisation of the RTP packets after jitter bu�ering,

i.e. jitter bu�er holds RTP packets and de-packetisation takes place just prior to feeding the

encoded speech frame into the decoder.
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2.1.1 Jitter Bu�er Management

VoIP applications produce equispaced voice packets, in the form of RTP packets, at a con-

stant frequency, known as packetisation interval. For instance, for a given RTP session, the

packetisation interval may be chosen as 20 milliseconds, in which case the VoIP client will

dispatch RTP packets every 20 milliseconds. However, the regularity of the RTP packets

cannot be sustained due to the stochastically varying conditions of packet-switched net-

works. These varying conditions are caused by the e�ects of routing, queuing, scheduling

and serialization of the IP packets on the path through the packet-switched networks [9].

Due to the imperfections in the network conditions mentioned above, the RTP packets

reach VoIP client at the destination with varying delays from one packet to another. This

variance in the delay is called jitter. The same conditions may cause packets to arrive at the

destination out of the original order that they were sent by the sender. As described in [10],

however, a speech decoder typically expects an encoded speech frame at the packetisation

interval so that it can output a decoded speech in periodic blocks. Therefore, in order to

smooth out the jitter in the packet arrival times, a jitter bu�er, or as it is sometimes called

a de-jitter bu�er, is employed. Consequently, a jitter bu�er management algorithm provides

the speech encoder with encoded speech frames at the packetisation frequency.

The ITU-T G.114 recommendation speci�es that an end to end, i.e. mouth to ear, delay

of 150 milliseconds or less is ideal for telephony applications as such delay levels are not

perceivable for humans and a delay greater than 400 milliseconds will cause conversational

quality issues as interactivity will be a�ected [2, 38]. These delay tolerance levels are vital

for jitter bu�er management algorithms to make the right decisions while adjusting the jitter

bu�er level.

It is possible for a packet to arrive too late. If a packet arrives later than its scheduled

playout time, it is usually discarded. Furthermore, if more packets than jitter bu�er can hold

arrive, packets are, in this case, discarded again. This situation is called bu�er over�ow. It
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is possible to see such cases in packet burst scenarios [39, 24]. A packet discarded by the

receiving VoIP client is called alate packet loss. This is to di�erentiate this type of packet

loss from a network packet loss, which never reaches to the destination VoIP client.

The ability of jitter bu�er management to absorb network jitter and save more packets

from late packet loss is directly proportional with the jitter bu�er size [10] [9]. While this

can reduce the possibility of packets arriving too late for playout, it may increase the total

end to end delay. Because VoIP services, as mentioned in [38, 2, 3], are sensitive to delay, it

is imperative to lower the end to end delay in order to sustain the interactivity in a telephone

conversation. It is evident that conversation quality is impaired when the end to end delay

exceeds the perceivable levels as both parties involved in the telephone conversation may start

to talk over each other at the same time [2, 38, 4, 3]. In summary, larger jitter bu�er sizes

can prevent the late packet losses; however, they may cause an extended end to end delay,

which consequently degrades the conversational speech quality. Jitter bu�er management

algorithms try to adequately adjust the jitter bu�er size in an attempt to optimise this

trade-o�. The topic of jitter bu�er and playout management as well as its application in

WebRTC are further studied in Chapter 5.

2.1.2 Packet Loss Recovery

Packet loss, which is the network impairment that makes VoIP perceptually most distinct

from PSTN telephony, can occur in the network components or at the receiving VoIP client

[3]. Former, which is the primary concern of this subsection, is more prominent, network

components can drop the packet, and the packet never reaches to the receiver. Latter,

however, occurs after the packet arrives at the receiver site, but after a time that is too

late to playout. Therefore, such packets are discarded by the jitter bu�er management.

This type of loss is called as late packet loss. Because real-time multimedia imposes strict

delay requirements, re-transmission is mostly not a preferred option for packets lost in the
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network [40]. Recovery mechanisms for network packet loss are mainly grouped into two

categories, receiver-driven and sender-driven, and typically applications use both as they are

complementary to each other [41].

Packet Loss Concealment (PLC) is a receiver only technique, which requires no additional

data or action required from the sender side to compensate for the lost packets. Receiver

coding components can construct replacement frames instead of the frames in the lost pack-

ets, based on the frames included in the previously received packets. At a minimum, an

interval of silence, corresponding to the interval of the lost frames, can be inserted in order

to ensure timely playback of the speech stream [3]. The PLC techniques can improve the

intelligibility, and because they do not require additional data to be sent from the sender,

they are a lightweight technique from both bandwidth and processing perspectives.

Forward Error Correction (FEC) is a technique where the sending VoIP client transmits

a duplicate, in other words, a redundant version, of the encoded speech data that was

previously sent in a packet, which might be lost in the network. Receiving VoIP client makes

use of this redundant data to reconstruct the speech data in the lost packet [40]. Speech

quality achieved with this method is considerably improved even in high loss conditions as

the speech recovery is in a bit-exact form [3].

Similar to FEC, Low-Bitrate Redundancy (LBR) is a packet loss recovery method, which

also encodes a redundant version of the speech signal and transmits in a following packet.

However, coding is done at a lower bitrate. LBR technique typically o�ers more improved

quality compared to PLC while it is not as e�ective as FEC since the recovery is not bit-

exact, unlike FEC [3]. Both FEC and LBR introduces additional data to be transmitted

and processed, therefore it has an impact on both bandwidth and processing requirements.

Bandwidth impact is more signi�cant for FEC than LBR due to the higher bitrate. [41]

reviews the packet loss recovery techniques in greater detail from a multi-dimensional per-

spective such as implementation and processing complexity, introduced bandwidth overhead

and achieved speech quality improvement.
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Joint approaches, where jitter bu�er management and packet loss concealment are com-

bined to deliver a holistic solution, are too extensively studied in the literature [42, 43, 44].

NetEQ, as one of those approaches, is used in WebRTC [45, 46, 47].

2.1.3 Real-time Transport Protocol

In order to standardise the real-time data transmission, such as voice and video, across

the non-deterministic IP network, RFC 1889 [48] and later RFC 3550 [49] were developed.

RTP transport is accompanied by a control protocol, Real-time Transport Control Protocol

(RTCP), carrying transmission and quality of service statistics about the data delivery in the

RTP session. RTP and RTCP are designed to run independent of the underlying transport

protocol; however, VoIP applications typically transmit RTP packets over UDP rather than

TCP. UDP, originally de�ned in RFC 768 [50], has characteristics suitable for near real-

time applications with delay constraints. UDP has none of, and their overhead thereof,

the connection establishment stage, �ow control, congestion control, and re-transmission

mechanisms as provided in TCP [35]. Thus, RTP packets are usually carried over the UDP.

Details on protocol de�nitions for RTP can be found in [49], and a more general discussion

on the use of RTP in VoIP can be found in [51, 35].

Anatomy of an RTP packet

An RTP packet consists of header and payload components, as illustrated in Figure 2.2.

RTP header, in turn, is composed of several parts, each serving a dedicated purpose as listed

below.

� V: This �eld re�ects the version of RTP in use and consists of 2 bits.

� P: This �eld indicates whether or not there is a padding �eld in the RTP packet and

consists of one bit.
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Figure 2.2 RTP packet headers and payload.

� X: This bit �eld indicates whether or not there is an extension �eld and consists of one

bit.

� CC: This �eld shows the number of contributing source identi�ers and consists of four

bits.

� M: This �eld is the marker �eld. For VoIP, it is used to indicate the start of a talkspurt

and consists of one bit.

� PT: This �eld is the payload type, indicating the codec in use and consists of 7 bits.

� Sequence Number:This �eld is the sequence number for the RTP packet and consists

of 16 bits. It is incremented by one for each RTP packet. One of its use cases is to

detect the packet losses.

� Timestamp: This �eld re�ects the sampling instant of when the �rst octet of RTP data

generated and consists of 32 bits. It is not the system time but is initialised randomly

and incremented at the sampling rate of the codec [2]. For instance, for Opus codec
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sampled at 48 kHz with a frame size of 20ms and one frame per packet, the di�erence

in timestamp between two consecutive packets will be 960.

� SSRC identi�er: This �eld contains the identi�er for the synchronisation source and

consists of 32 bits. Packets originating from the same source will always have the same

SSRC identi�er.

� CSRC identi�er: This �elds contains the identi�er for Contribution Source and consists

of 32 bits. This �eld is set only when CC �eld is nonzero, and it means that multiple

sources contributed to produce the contents of this packet in question.

� Data: This �eld is the RTP payload �eld containing the actual real-time data to be

transferred.

2.1.4 VoIP Signalling

Due to the inherited nature of packet-switched networks being not initially designed for

communication between applications with real-time constraints, session control protocols,

signalling protocols in other words, were created in order to enable real-time applications,

such as VoIP, over packet-switched networks, i.e. IP networks [35]. Session Initiation Pro-

tocol (SIP) is the most prevalent signalling protocol used for VoIP. Two other examples of

common VoIP signalling protocols include H.323 [52] and Jingle [53]. IETF originally pub-

lished SIP in RFC 2543 [54] in March 1999. In November 2000, it was acknowledged as a

3GPP signalling protocol and a permanent element of the IMS architecture.

Within signalling protocols, additional protocols are usually employed to describe and

negotiate how a multimedia session between the participating peers takes place. Session

Description Protocol (SDP) [55] is the most predominant protocol developed to serve this

purpose. SDP was accepted as thedefacto session description protocol by 3GPP and We-

bRTC. SDP is capable of describing a wide range of media types, such as voice, video,
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screen-sharing, whiteboard sessions and more. SDP allows the participants to negotiate all

the speci�cs of the session, from codec selection to packetisation interval.

While SIP is a very predominant and integral part of the modern signalling in the telecom-

munication world, technologies such as WebRTC, originating from the less regulated Internet

world, do not impose a signalling standard. The signalling is at the discretion of practition-

ers, and it is up to them how they would like the participating applications to exchange their

multimedia capabilities and session descriptions. Nevertheless, while SIP is still widely used

in WebRTC based solutions, it is also very common to deploy a custom signalling solution

where a web server is employed to allow applications to exchange session descriptions via

REST based HTTP requests or WebSockets. The essential idea of signalling to enable RTP

session establishment is illustrated in Figure 2.3. The o�er is sent by Alice, the caller, to

signalling server to be dispatched to Bob, the callee, to invite him to an RTP session. In

SIP terms, invite is used instead ofo�er . In the o�er, information to describe and negotiate

the session, typically via SDP, is included. Assuming Bob would like to accept the call, he

sends the answer, which also includes their session description information, to Alice via the

signalling server, which subsequently starts the bi-directional RTP session.

2.2 WebRTC

Web Real-Time Communications, WebRTC, was initially introduced to add a new func-

tionality to the web browsers. Web browsers, for the �rst time, were able to interact and

exchange media data, or any type of data for that matter, directly with other browsers in a

peer-to-peer manner. This became possible by embedding real-time media communications

capabilities, such as audio and video codecs, media capturing and rendering features, into

browsers. The browser model of WebRTC is illustrated in Figure 2.4. Once the signalling is

accomplished via a server, the real-time media data can �ow directly between the browsers.

The underlying standards and speci�cations e�orts are led by World Wide Web Consortium
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Figure 2.3 Successful RTP session establishment via a signalling server.
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(W3C) [5] and the Internet Engineering Task Force (IETF) [6]. The WebRTC open source

project [7] and browser vendors [56] are among the main contributors of the software de-

velopment work to realise the standards and speci�cations de�ned by IETF and W3C since

2011.

Albeit WebRTC was mainly commenced as a solution for web browsers, it is widely used

in standalone and mobile applications which bene�t from the cross-platform �exible libraries

developed by the WebRTC open source project [7]. Therefore, theWebRTC Functionality

box in Figure 2.4 represents the libraries and software development kits used by non-browser

applications such as mobile applications. WebRTC open-source project provides the VoIP

components described in Section 2.1, and more, to an application or system using WebRTC.

The internals of the WebRTC is depicted in Figure 2.5 and described in [57].

2.3 Summary

This chapter discussed some of the core concepts used in VoIP. It covered the main compo-

nents of a typical VoIP application, with a particular emphasis on the ones that are very

important for the rest of the thesis, such as jitter bu�er management and packet loss conceal-

ment components. It also provided an overview of Real-time Transport Protocol, signalling

and WebRTC.
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Figure 2.4 WebRTC browser model.
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Figure 2.5 WebRTC internals - modi�ed from [57].
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Chapter Three

Quality of Service and Quality of

Experience in VoIP

This chapter discusses the terms, Quality of Service (QoS) and Quality of Experience (QoE),

and their relevance in the VoIP domain. QoE is also referred to as User Perceived Quality

of Service in the literature. The factors that impact QoS and QoE are detailed in VoIP and

speech quality context.

3.1 Quality of Service

ITU-T E.800 [58] introduces the de�nitions, as it is shown below, of terms related to the

quality of telecommunication services.

Quality is

"the totality of characteristics of an entity that bear on its ability to satisfy stated

and implied needs".

Quality of Service is

"totality of characteristics of a telecommunications service that bear on its ability

to satisfy stated and implied needs of the user of the service."
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Figure 3.1 Network and end-to-end Quality of Service.

In VoIP and networking literature, QoS can refer to network QoS or end-to-end QoS.

Network QoS is generally related to the transmission characteristics of the IP packets from

sending VoIP terminal to receiving VoIP terminal. End-to-end QoS, on the other hand, is

regarded as mouth-to-ear quality in re�ecting the quality of VoIP call from a party speaking

into the microphone at one end and another party hearing at the other end [35]. As it

is illustrated in Fig. 3.1, end-to-end QoS, which encompasses network QoS, also considers

the implications that VoIP application and OS are introducing, such as encoding, bu�ering,

packetisation and algorithmic e�ects.

Network QoS is generally described using metrics for packet loss, delay and jitter. The

non-deterministic nature of the IP networks can cause packet losses, excessive and varying

delays due to network congestion and alternate routes. Additionally, there might be further

impairments in the VoIP terminal, such as additional packet loss and delay, which form the

end-to-end QoS.

3.1.1 Packet Loss Characteristics

Packet loss is one of the most impactful degradations for VoIP QoS. Packet loss can occur

in two mediums, at the network from sender to receiver or at the receiving VoIP terminal.

While the former is called network packet loss, and the latter is calledlate packet loss.

Network packet loss can further be categorized in two groups,Congestive Lossand Non-
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Congestive Loss[35]. Congestive Loss is typically caused by the network congestion due to

the bu�er over�ow at network elements such as routers. Non-Congestive Loss is generally

due to the signal-fading, lossy radio connections, obstacles and hardware issues [59, 3, 35].

Congestive Loss can be in the form of multiple consecutive packet losses and Non-Congestive

Loss, in its nature, is in the form of random loss. Li and Zorn [59] discuss the network loss,

its types, the di�erentiating factors in their nature. IETF proposes loss metrics to paramet-

rically describe the packet loss behaviour [60, 61]. Mathematical models are developed to

characterise the packet loss distribution based on the packet traces of the real-world IP and

Internet tra�c.

Bernoulli Loss Model

The Bernoulli loss model is a simple, geometric distribution that is widely used in the

simulation of network traces. The Bernoulli loss model has no memory, and packet loss events

are independent of each other. There is a single parameter, the loss rate, that characterizes

the Bernoulli loss model. Hence, each packet can be lost in the network with probabilityr

regardless of the status of the prior or successor packets [62]. Figure 3.2 below depicts the

work�ow of the Bernoulli Loss Model.

Figure 3.2 Bernoulli Loss Model
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Markov Chain Loss Models

In the Bernoulli loss model, one packet has no e�ect on the status of the next packet.

However, in IP networks, this assumption is not always correct. For instance, in congested

networks, a packet loss may cause the subsequent packets to be lost in the network. This

dependency between packets can be simulated with Markov Chains. IP networks are usually

modelled with 2-state Markov Models (Gilbert models) [62]. The transition diagram for the

2-state Markov Model is shown in Figure 3.3

Figure 3.3 2-State Markov Model

The transition probabilities denote the following:

� p00: The probability of a packet being delivered given that the previous one is also

delivered.

� p01: The probability of a packet being lost given that the previous one is delivered.

� p11: The probability of a packet being lost given that the previous one is also lost.

� p10: The probability of a packet being delivered given that the previous one is lost.

These variables are subject to the following:
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p00 + p01 = 1

p11 + p10 = 1
(3.1)

Thus, two variables are characterising the 2-state Markov Modelsp and q; p representing

the p00 and q representing thep11.

Let X be a random variable.X = 0 indicates that a packet is delivered, whereasX = 1

means that a packet is lost. According to the de�nitions above,X i solely depends onX i � 1.

Hencep and q are equated as follows:

p = P[X i = 0jX i � 1 = 0]

q = P[X i = 1jX i � 1 = 1]
(3.2)

As an example, if a packet is delivered, the probability of the upcomingx packet being

lost is

Burst x = p � qx� 1 (3.3)

whereBurst x denotes a loss ofx consecutive packets.

Hence, unlike Bernoulli models, Markov models are capable of simulating bursty, con-

gested networks.

3.1.2 Delay Components and Characteristics

On the path through the channel from sender to receiver, the speech data is exposed to delay

by each component and its sub-components as illustrated in Figure 2.1. The delay can occur

at the sending VoIP client, receiving VoIP client, and at the network in between.

Sender Delay Components

On the sender side, the delays are introduced by the VoIP application components and the

hardware & Operating System (OS) components. The primary source of the VoIP application
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delays is the encoding and packetisation related processes.

� Encoding-Packetisation:Encoding speech data will incur some delay depending on the

codec in use and its con�guration parameters. The most in�uential delay factor is the

con�gured frame size. The larger the frame size is, the longer the packetisation will be.

Depending on the codec, it is also possible to have multiple frames in a single packet.

Therefore, the packetisation delay will be the frame size in milliseconds multiplied by

the number of frames in a packet. For example, for a packet with a frame size of 20

milliseconds and one frame per packet, the packetisation delay will be 20 milliseconds.

Additionally, hybrid codecs, where a combination of waveform and source codecs are

used, incorporate a look-ahead time in order to complete the encoding and compression

process [2]. This look-ahead time can be as long as a quarter or half of the speech frame

[35]. Algorithmic processing with hybrid codecs also involve some delays [2].

� Hardware and OS components:Most VoIP applications today run on a general pur-

pose device, whether it is a mobile, laptop, or PC device. There are also purpose-built

VoIP devices, such as IP phones and video conferencing systems. Especially on the

general-purpose devices, the deployed VoIP application competes for computing re-

source allocation along with the other processes and threads running on the system.

Therefore, scheduling delays, which can result in a situation called CPU starvation

in the worst case, can occur [2]. The recent and modern architectures formulate an

approach to avoid these situations, as more details on this can be found in [63].

Network Delay Components

Network delay components, as described below, are concerned with the delays after the

packet has left the sender endpoint and before it has reached the receiver endpoint.

� Propagation: Propagation delay is de�ned by the communication medium, thus the

speed of data �ow in the medium in question, and the physical distance between the
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communicating parties.

� Transmission: Transmission delay is the total of the time spent for packet dispatching

in the network interfaces of network devices such as routers and switches on the path

from sender to receiver.

� Nodal Processing: Nodal processing delay is the total of the time spent for routing

decisions based on the routing tables and examination of the packet headers.

� Queuing: Queuing delay is the total of the time spent in the queues of the routers for

a packet. Varying and excessive queuing delays, thusjitter , can be observed in the

presence of network congestion.

Further details for the delay induced by the network components are studied in [35, 2,

64].

Receiver Delay Components

Receiver side delay components are similar to the sender side. Additionally, there is a jitter

bu�er component on the receiver side.

� Jitter Bu�er: As described in Section 2.1.1, even though the sender side dispatches

VoIP packets regularly at the packetisation interval, the regularity of packets is dam-

aged by the stochastically changing conditions, typically due to the combination of

e�ects of routing, queuing, and scheduling on the path through the network between

sender and receiver [9]. VoIP packets, therefore, arrive with varying jitter to the re-

ceiver endpoint. They may, in fact, arrive out of the original order that they were sent,

especially in case of traversing di�erent paths between sender and receiver for di�erent

packets. Since the decoders expect regular packets, typically at the packetisation fre-

quency, to produce periodic speech output blocks, a jitter bu�er is employed to remove
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the jitter in the packet arrival time [10]. Speech data thus spends some time in the

jitter bu�er before the playout.

� Codec-Decoding:Reverse operations of the sender side take place on the receiver side for

de-packetisation and decoding of the packetised and encoded speech. Additionally, the

receiver can observe delays to conceal the lost packet in the network using techniques

such as FEC or PLC.

� Hardware and OS components:Similar to the sender side, the receiver side is exposed

to the delays related to the hardware and OS, such as scheduling and sound card.

Therefore, the end-to-end delay can be formulated as follows:

dend� to� end = dsender + dnetwork + dreceiver (3.4)

3.1.3 Jitter Characteristics

The sender VoIP client sends VoIP packets very regularly at the packetisation interval as

illustrated in Figure 3.4. For instance, this could be every 20 milliseconds for Opus, which is

the primary speech codec for WebRTC and it supports multiple packetisation intervals [65].

Si +1 � Si = Si +2 � Si +1 = Packetisation interval (3.5)

However, the regularity of the packets is impaired as the packets arrive at the receiver

irregularly due to the non-deterministic nature of the IP networks. As it can be clearly seen

in Figure 3.4, the delta for the arrival time between the packets are not equal

Ri +1 � Ri 6= Ri +2 � Ri +1 (3.6)

whereS denotes sender time,R denotes receiver time,i represents the packet sequence

number in Equations 3.5 and 3.6. This variation in the inter-arrival time of the packets is
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Figure 3.4 Delay variation in network and playout.
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called jitter, which is one of the major network impediments resulting in speech quality issues

in VoIP applications. The jitter bu�er as described in Section 2.1.1 ful�ls the necessary tasks

to smooth out the jitter in the packet arrival times and provide the decoder and playout

algorithms with periodic speech blocks, i.e. the packetisation interval as it is shown in

Equation 3.7 whereP denotes the playout time.

Pi +1 � Pi = Pi +2 � Pi +1 = Packetisation interval (3.7)

Figure 3.4 illustrates the entire journey of a packet after leaving the sender and delays

to which it is exposed on the path to the receiver. In summary, the total delaydi for the i th

packet, excluding the delays within the sender VoIP client, is the sum of network delayni

and bu�er delay bi .

ni = Ri � Si (3.8)

bi = Pi � Ri (3.9)

di = ni + bi (3.10)

However, it is sometimes possible that a packet might arrive too late to the receiver, i.e.

after its scheduled playout time. In Figure 3.4,i+1 th packet is an example of such a late

packet loss. The jitter bu�er management will drop this packet.

As it is mentioned in IETF RFC 3393 [66], there are several de�nitions of jitter in the

context of VoIP applications and networking, however, in this thesis, IETF RFC 3550 [49],

and formerly IETF RFC 1889 [48], constitute the basis for jitter de�nition which is expressed

as

"An estimate of the statistical variance of the RTP data packet interarrival time,

measured in timestamp units and expressed as an unsigned integer. The interar-
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rival jitter is de�ned to be the mean deviation (smoothed absolute value) of the

di�erence in packet spacing at the receiver compared to the sender for a pair of

packets.".

The same IETF RFCs prescribe the interarrival jitter calculations, for thei th packet, as

follows:

Ji = Ji � 1 + ( jD(i � 1; i )j � Ji � 1)=16 (3.11)

where the gain parameter 1/16 provide a reasonable level of noise reduction ratio while

sustaining a good rate of convergence [49].D is the packet spacing between two consecutive

packets, packeti and i-1 and it is calculated as follows:

D(i � 1; i ) = ( Ri � Ri � 1) � (Si � Si � 1) = ( Ri � Si ) � (Ri � 1 � Si � 1) (3.12)

which translates to:

D(i � 1; i ) = ni � ni � 1 (3.13)

A concrete example, using Python programming language, for jitter calculation based on

the IETF RFC 3550 is presented in Listing 3.1.

Jitter bu�er management algorithms calculate the jitter and use this information along

with other dynamics depending on the speci�c algorithm to adjust the jitter bu�er level

with an attempt to maximise speech quality. There is no global standardisation for jitter

bu�er algorithms in WebRTC and VoIP applications in general. However, there is a level

of standardisation for jitter bu�er management by 3GPP for the codec for Enhanced Voice

Services (EVS) [10].
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1 import pandas as pd

2

3 # read the trace file , which contains data as :

4 # packet_no , interarr ival_del ta

5 trace = pd. read_csv (" trace ")

6

7 # retr ieve the interarr ival deltas

8 deltas = trace [ trace . columns [1]]. to_l ist ()

9

10 #set ini t ial j i t ter to 0

11 J = 0

12

13 # calculate j i t ter

14 for i in range ( len ( deltas ) -1) :

15 D = deltas [ i+1] - deltas [ i ]

16 J = J + (abs (D) - J) / 16

17

18 print (" Average delay :" , sum( deltas ) / len ( deltas ))

19 print (" Jit ter : " , J)

Listing 3.1 Jitter calculation
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3.2 Quality of Experience and Speech Quality

Quality of Experience (QoE) is an evolving and contextual phenomena with multiple def-

initions in the literature. In this section, after presenting some generic de�nitions, QoE

applications on VoIP and speech quality are examined.

With the auspices of the European Cooperation in Science and Technology framework, the

European Network on Quality of Experience in Multimedia Systems and Services, Qualinet,

[67] studied the quality paradigms and de�ned the Quality of Experience (QoE) as:

"Quality of Experience (QoE) is the degree of delight or annoyance of the user of

an application or service. It results from the ful�lment of his or her expectations

with respect to the utility and/or enjoyment of the application or service in the

light of the user's personality and current state."

QoE de�nition by Qualinet was adopted by the ITU-T G.100 [30] as well. Möller and

Raake [68] make a similar de�nition with subtle di�erences and extensions:

"Quality of Experience (QoE) is the degree of delight or annoyance of a person

whose experiencing involves an application, service, or system. It results from

the person's evaluation of the ful�lment of his or her expectation and needs with

respect to the utility and/or enjoyment in the light of the person's context, per-

sonality and current state."

QoE is fundamentally about the perception of the user, i.e. the subject, for the appli-

cation, system, or service. Through the evolution of the quality concepts, QoE was called

Perceived Quality of Service to di�er from Quality of Service, which typically relates to net-

work aspects of Quality of Service, such as packet loss or delay. QoE holistically considers

all the aspects and factors that contribute to the user's perception and decision for quality

evaluation. As such, as well as considering the technical performance of the service in ques-
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tion, the impacts of other elements and circumstances, for instance, environmental factors,

physical situations, psychological state of the user are too considered.

3.2.1 Quality of Experience in VoIP

In this thesis, the scope of the QoE is limited to the VoIP speech quality and the aspects such

as user interface, call setup time, pricing are not considered. The most important metric for

QoE as it pertains VoIP is the Mean Opinion Score (MOS), which is the metric representing

the overall quality for a VoIP call [35]. Listening quality is of signi�cant importance within

the context of this thesis and further studied in Sections 4.2 and 4.3. There also exist

other QoE dimensions such as intelligibility, which re�ects how well the content of a given

utterance, depending on its lexical, syntactic and semantic contexts, can be identi�ed under

the system in test [3]. Another perspective of QoE is the end-to-end conversational quality

assessment, an example of which is the E-model [69].

3.2.2 Factors A�ecting VoIP Quality of Experience

Quality of Experience for VoIP is a multi-dimensional phenomenon with a plethora of factors

impacting the quality of experience for a user during a VoIP call. These factors can be

grouped into several categories:

� Human In�uence Factors: Subject's mental, psychological, physical and emotional

state in addition to their expectations and prior experience heavily in�uence their

QoE.

� System In�uence Factors: System in�uence factors has its roots at the intrinsic Quality

of Service paradigms, which is described in Section 3.1, as well as the experience

pertaining to Human-Computer Interaction and peripherals.
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� Network factors: Network impairments, such as packet loss, delay, and jitter, that

a�ect network QoS have a direct impact on QoE as well.

� Software/Application factors: VoIP application components, such as codec, jitter

bu�er management, packetisation, and other components are essential elements

for VoIP QoE.

� Hardware factors: The quality of peripherals, such as microphone and speakers,

are of vital importance when it comes to end-to-end VoIP QoE.

� Context In�uence Factors: The subject's environment, its temperature, background

noise, other on-going tasks can all a�ect the QoE.

Figure 3.5 illustrates the primary system and context in�uence factors. Some of these

factors are time-varying by nature, such as packet loss in the IP network or varying delays

for packets over time. It is seen in the literature that, the integral quality, that is the overall

impression of the subjects that they have at the end of the VoIP session, is associated with the

quality perceived at di�erent times of the session with some level of weighted time-averaging

[3].

3.3 Summary

QoS and QoE concepts and their signi�cance in VoIP are discussed in this chapter. Network

imperfections such as packet loss, delay, jitter, their characteristics and their relevance in

VoIP QoS are summarised. QoE, its factors and implications in the context of VoIP are

de�ned. Speech quality measurements techniques, as the QoE methodologies, are covered in

Chapter 4.
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Figure 3.5 Factors impacting VoIP quality - System and Context.
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Chapter Four

Speech Quality Assessment Methods

Speech quality assessment methods are devised to describe and measure the user-perceived

experience for a provided service, such as VoIP. These methods, at a high level, can be

classi�ed as subjective and objective methods. While subjective tests are often deemed

the most accurate way of identifying speech quality, they are costly, time-consuming, and

sometimes not possible to apply in certain use cases. Objective speech quality assessment

methods are designed to highly correlate with subjective assessments. With the increase in

the use of VoIP solutions in the last decade, and with even further acceleration in the increase

in the post COVID-19 pandemic era, quality assessment methods have become even more

crucial since they provide instant directions for technical improvement as well as guidance

on the preference of the services for the end users [1]. This chapter provides an overview,

along with some discussion, of speech quality assessment methods.

4.1 Overview of Speech Quality Assessment Methods

In order to qualify and quantify the perceptive e�ects of the factors impacting speech quality

as described in Section 3.2.2, auditory assessment techniques are devised. Speech quality

literature shows that there is no optimal general purpose technique that can be employed in

all cases. Therefore appropriate assessment technique is chosen depending on the application
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Figure 4.1 Speech quality assessment methods - adopted and modi�ed from [35]
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at hand, test modality and perceptive dimensions in question [70].

Speech quality assessment for VoIP can be categorised in two groups, subjective speech

quality assessment and objective speech quality assessment. Figure 4.1 shows the comparison

for assessment methods and further categorisation. Generally speaking, real users of the

system under test, the person subjects, judge the quality in subjective assessment methods.

Objective methods are based on mathematical models to predict subjective judgements.

Therefore, objective assessment methods are always calibrated by subjective assessment

methods.

4.2 Subjective Speech Quality Assessment

Subjective speech quality assessments involve evaluating speech signals by a group of listen-

ers. The assessments make extensive use of psychometric methods, that is a combination

of psycho-physical and psychological measuring techniques to qualify and quantify percep-

tual objects. The ability of human-beings to adequately assess the perceptual intensity or

magnitude of a stimulus allows us to make comparative and absolute judgements. To make

these judgements, the human-being makes use of the accumulated past experience with the

objects. Although the experience and perception may di�er between the individuals, the

common and collective knowledge and perception about the objects and stimuli allow us to

reach an inter-subjective agreement [71, 70]. This ability is the central phenomenon of the

subjective speech quality assessment for understanding the user's point of view for VoIP and

the telephony in a general sense.

ITU-T P.800 [72] introduces the standards and procedures for running subjective speech

quality testing. ITU-T P.800 suggests that these standards and procedures can be used to

estimate the impact of degradations, such as equipment impairment factors or quantisation

distortion units as described in the ITU-T G.113 [73], which particularly covers the trans-

mission impairments in speech processing. ITU-T P.800 recommends mainly the following
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assessment methods:

� Conversation-opinion tests: VoIP or telephony systems are designed to facilitate the

bidirectional exchange of information. Quality assessment techniques should, therefore,

re�ect this nature of bidirectional exchange, and also alternation of the talker and

listener roles [70]. Accordingly, conversation-opinion tests are conducted, where two

subjects seated in di�erent sound-proof rooms carry out a conversation on a prede�ned

topic, and typically the �ve-point scale (from 1 for bad to 5 for excellent) is used for

grading the quality [35]. [74] recommends that the number of subject pairs should be

16 at minimum to accomplish a a su�cient resolution between conditions.

� Listening-opinion tests: Subjects listen to a speech sample in a unidirectional listening-

opinion test and rate the quality by giving an opinion score, again typically on a �ve-

point scale. While listening-opinion tests, which are sometimes referred as listening-

only tests in the literature, do not account for the bidirectional nature of a telephone

conversation, they still provide signi�cant bene�ts; therefore ITU-T P.800 [72] makes

the following disclaimer:

"Listening-opinion tests are not expected to reach the same standard of re-

alism as conversation tests, and the restrictions are therefore less severe in

some respects; but the arti�ciality that has to be accepted brings with it a

necessity for strict control of many things which in conversation tests are

allowed to �nd their own equilibrium."

ITU-T P.800 suggests that results derived from listening-opinion tests can be used in

partially predicting the quality of bidirectional conversations. However, care should be

taken and reservations should be made that degradations due to the following should

be separately taken into account [72]:

� Talking impairments such as echo and side-tone
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� Conversational impairments such as propagation time.

� Interview and survey tests: Surveys or interviews can be performed to assess the opin-

ion of the users for the service or the system. ITU-T P.800 suggests a minimum of 100

users per condition and refers to ITU-T P.82 [75] for the speci�cs of the questions that

can be asked to the users. While this method gives a good indication of global appre-

ciation for the level of quality, it does lack the control over the detailed characteristics

of the telephone connections and conditions [72].

Rating the perceived quality is another critical dimension for the subjective quality as-

sessment methods. For listening-opinion tests, most commonly used rating methodologies in

the literature are Absolute Category Rating (ACR), Degradation Category Rating (DCR),

and Comparison Category Rating (CCR) [76]. The following sections cover these rating

methodologies.

4.2.1 Absolute Category Rating

ITU-T P.800 recommends Absolute Category Rating for listening-opinion tests where the

subjects listen to the degraded speech test samples and rate the quality based on a �ve-point

scale [72]. Table 4.1 presents the �ve-point scale, where the quality scores range from 1 to

5, corresponding to a range from bad quality to excellent quality, respectively. After each

subject gives their opinion with a score from Table 4.1 for the listening-quality, the Mean

Opinion Score, MOS, is calculated to represent the overall listening quality level.

The calculated MOS alludes to the mean impression of the people involved in the test.

Since it is always possible that individual opinions may broadly vary and outliers may exist,

it is essential to include many subjects in the test in order to reach an accurate result [76].

ITU-T P.800 also details the testing procedures, principles, room settings (attributes such as

sound-proof), noise levels, sample speech materials, test data analysis, and all other speci�cs

[72].
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Quality of the speech Score

Excellent 5

Good 4

Fair 3

Poor 2

Bad 1

Table 4.1 Absolute Category Rating according to ITU-T P.800 [72]

4.2.2 Degradation Category Rating

Degradation Category Rating (DCR), a modi�ed version of Absolute Category Rating, is

provided as an alternative listening-opinion test and it o�ers a higher level of sensitivity

[72, 77]. DCR is a pair comparison method, in which stimuli are presented in pairs, sample

A and sample B uttered by the same speaker, where sample A is the unprocessed high-

quality reference stimulus and sample B is the processed, therefore degraded, stimulus [70].

Subjects are asked to listen to both stimuli and rate the degradation level between sample

A and sample B on a �ve-point scale as it is shown in Table 4.2. Degradation mean opinion

score, DMOS, is evaluated to represent overall degradation opinion [72].

Degradation level Score

Inaudible 5

Audible but not annoying 4

Slightly annoying 3

Annoying 2

Very annoying 1

Table 4.2 Degradation Category Rating according to ITU-T P.800 [72]
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4.2.3 Comparison Category Rating

Comparison Category Rating (CCR) is a similar method to DCR in that subjects are pre-

sented with a pair of speech samples, unprocessed reference stimulus and processed degraded

stimulus. Subjects always listen to the unprocessed reference stimulus �rst in DCR. How-

ever, as described for CCR in [72], the order of the stimuli is random and listeners are asked

to judge the quality of the second sample relative to that of the �rst according to a scale

shown in Table 4.3. Although the order is random, it is organised in a way that processed

sample is followed by the unprocessed sample in half of the tests and the unprocessed sample

is followed by the processed one in the other half.

Quality of the second compared to the �rst Score

Much better 3

Better 2

Slightly better 1

About the same 0

Slightly worse -1

Worse -2

Much worse -3

Table 4.3 Comparison Category Rating according to ITU-T P.800 [72]

4.3 Objective Speech Quality Assessment

Telephony and VoIP systems and services have to be designed, optimised and �ne-tuned to

meet the level of quality of experience that users expect. As it is described when outlining

the subjective speech quality assessment methodologies in Section 4.2, the level of quality

of experience delivered to the users can be best identi�ed by observing users' behaviour,
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perception, and opinion during or after using the system. Taking into account the breadth

of the simulations that have to be run while engineering VoIP systems, however, it is usually

too expensive, time-consuming, and unfeasible to exercise such auditory tests at will, espe-

cially considering the planning and logistics required. Notable progress has been achieved in

objective speech quality measurement research [78, 79]. Theoretical models were devised to

relate users' subjective judgements for speech quality to instrumental measurements, that is

called objective speech quality assessment. Thus it became possible to predict the quality

based on the models without executing subjective auditory experiments [70, 3].

Objective speech quality assessment can be categorised into two groups as it is shown in

Figure 4.1: intrusive and non-intrusive methods [35]. Intrusive methods typically make use

of two signals, namely reference and the degraded signals [80]. Reference (sometimes called

as the original or unprocessed) signal is the input at the sender side. Degraded (sometimes

called as the distorted or processed) signal is the output of the VoIP receiver side. Intrusive,

also called full-reference or double-ended, methods operate on the principle of comparing

reference and degraded signals; therefore, it is possible to apply intrusive methods when

both signals are available [35]. Non-intrusive methods, on the other hand, can be further

categorised into two subgroups, parameter-based and signal-based methods. Signal-based

non-intrusive methods are similar to intrusive methods in that speech signal is at their core.

However, unlike intrusive methods, non-intrusive signal-based methods work with only the

degraded signal. Figure 4.2 illustrates this computational representation of both types of

methods. This thesis is concerned primarily with the intrusive assessment methods since

those have been employed in the experiments as it will be seen in the next chapters. A

brief introduction and literature review on the most common objective assessment methods,

however, is also provided.
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Figure 4.2 Computation of signal-based intrusive and non-intrusive objective mea-
sures - adopted and modi�ed from [78]

4.3.1 Intrusive Objective Speech Quality Measurements

Intrusive objective speech quality measurements share a common underlying structure com-

posed of perceptual transformation and cognition/judgement modules, as illustrated in Fig-

ure 4.3. Perceptual transformation module transforms speech signals, both reference and

degraded, into their psycho-physical and psycho-acoustic perceptually relevant representa-

tions which approximate the human perception for speech processing [35, 81]. Cognition

and judgement module then compares the two representations in order to yield estimated

degradation or further a Mean Opinion Score. It is worth noting here that some research

found that intrusive objective speech quality measurements better correlate with DMOS

than MOS [82, 81].

Intrusive methods can be classi�ed based on the perceptual transformation module em-

ployed into the following categories:

� Time and Frequency Signal-to-Noise Ratio Measures:Signal-to-noise ratio or segmen-

tal signal-to-noise ratio analysis is performed in either time or frequency domain [78,

81]. While their implementation complexity is signi�cantly low, this class of mea-

surements are not suitable for VoIP and its sophisticated codecs [35]. Time domain
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Figure 4.3 Conceptual representation of intrusive objective measures - adopted and
modi�ed from [35, 81]

measures are typically applicable to analogue and waveform based codecs, where their

principle is to reconstruct the original waveform [83].

� Spectral Domain Measures:This class of measurements employ spectral-domain sig-

nal analysis techniques, for example, the Linear Predictive Coding (LPC) parameter

distance measures and the cepstral distance measure [35]. Their performance is highly

correlated with the speech production models in the codecs as their degradation mea-

sures are tightly associated with the speech codec design and speech production model

parameters. Therefore it bears the constraints coming from the codecs [81, 35].

� Perceptual Domain Measures:Perceptual domain measures, unlike the former measure

classes mentioned, are based on the models of human auditory perception, where speech

signal is transformed to a perceptually relevant domain such as bark spectrum or

loudness domain [81, 76]. Perceptual domain measures, which incorporate human

auditory models, are the most successful measures to predict the subjective quality of

speech [81, 83, 76]. Some of the early examples of perceptual domain measures included

Perceptual Analysis Measurement System (PAMS) [84], Recommendation ITU-T P.861

- Perceptual Speech Quality Measure (PSQM) [14]. Recommendation ITU-T P.862 -
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Perceptual Evaluation of Speech Quality (PESQ) [15], Recommendation ITU-T P.863 -

Perceptual Objective Listening Quality Assessment (POLQA) [16] and Virtual Speech

Quality Objective Listener (ViSQOL) [17] are some of the prominent examples in the

later years.

4.3.2 ITU-T Standardisation E�orts for Listening Quality Assess-

ment

Recommendation ITU-T P.861 PSQM [14], which was published in 1996, was ITU-T's �rst

attempt of standardisation to objective model human perception to predict speech quality

from subjective listening assessments [85]. PSQM, which primarily concentrated on de-

termining the quality impact of codecs, was later in 2001 superseded by ITU-T P.862 [15],

widely known as PESQ. PESQ has seen ubiquitous adoption in the telecommunication sector

for objective speech quality assessment purposes. PESQ addressed signi�cant shortcomings

of PSQM and o�ered superior performance with its extended model to handle a variety of

network impairments and other variations such as varied speech levels, codecs, packet loss

and background noise [85]. Nevertheless, as it is recognised by [15] or shown by research [86,

87], it still has weaknesses such as listening levels, sensitivity to playout delay adjustments,

e�ects of delay in conversational tests, loudness loss, talker echo and side tones [85].

Recommendation ITU-T P.863 POLQA, initially de�ned in 2011 with second and third

versions in 2014 and 2018 [16], is the most recent ITU-T standard and the successor of ITU-T

P.862 PESQ. ITU-T P.863 addresses some of the shortcomings of PESQ as mentioned above.

ITU-T P.863 POLQA is further described in the next section.
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4.3.3 Anatomy of ITU-T P.863 - Perceptual Objective Listening

Quality Assessment (POLQA)

As it is the norm with intrusive methods, ITU-T P.863 algorithm [16] compares a reference

speech signal,X(t) , with a degraded speech signal,Y(t) . Y(t) is the signal produced after

X(t) propagates through a communications system, like VoIP. The output of ITU-T P.863

algorithm is the estimated representation of perceived quality in terms of MOS.

The fundamental principle of ITU-T P.863, which is accomplished in several steps as

listed below, is to transform both signals into internal representation that is akin to the

psycho-physical representation of audio signals in the human auditory system, by also taking

perceptual frequency (Bark) and the loudness (Sone) into account:

� time alignment,

� level alignment to a calibrated listening level,

� time-frequency mapping,

� frequency warping,

� compressive loudness scaling.

Using a perceptual cognitive model, the internal representation of the signals are com-

pared, as depicted in Figure 4.4.

The general overview and control �ow of the ITU-T P.863 are depicted in Figure 4.5.

The inputs of the algorithm are waveforms in the form of two data vectors of 16-bit PCM

samples for un-distorted reference and processed degraded signals. The main output of the

algorithm is MOS-LQO, MOS � Listening Quality Objective. The main components of the

ITU-T P.863 are as follows:

� Temporal alignment component,
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Figure 4.4 Overview of the underlying philosophy used in ITU-T P.863 [16]
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� Sample rate estimator,

� Sample rate converter,

� Core model.

Both the reference signal and the degraded signal are split into equidistant time slices,

referred to as frames. The delay for each individual frame of the reference signal with respect

to the corresponding frame of the degraded signal is calculated. Then the sample rate of

the degraded signal is estimated based on this delay information calculated by the temporal

alignment. The estimated sample rate is then compared to that of the reference signal. If

the di�erence is signi�cant, i.e. more than 0.5%, the signal with a higher sample rate is

down-sampled to compensate for the sample rate di�erence, and the process is repeated to

re-identify the delay. The results are persisted after each iteration with an average delay reli-

ability indicator. Delay reliability indicator is used to determine the delay estimation quality.

After correctly identifying the delay and sample rate, the signals are subsequently sent to

the perceptual core model for evaluating the perceptibility, annoyance of the distortions and

deducing a MOS-LQO value.

ITU-T P.863 (03/2018), most recent version, operates with a fullband 19000 Hz input

�lter while earlier versions worked with 15000 Hz �lter. With this increased limit of an

input �lter, ITU-T P.863 now allows the assessment of the full range of speech codecs, i.e.

narrowband, wideband, super-wideband and fullband codecs.

For a further in-depth speci�cation of the inner workings of ITU-T P.863, the interested

readers are referred to the corresponding ITU-T recommendation [16].

4.3.4 Virtual Speech Quality Objective Listener (ViSQOL)

Functionally comparable to ITU-T P.863 and developed by Hines et al. [17], ViSQOL is

an intrusive objective speech quality model which uses the spectro-temporal measure of
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Figure 4.5 General overview of the ITU-T P.863 algorithm [16]
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similarity between a reference and a test speech signal. It produces a MOS-LQO as a

prediction of a subjective listening-opinion speech quality test.

ViSQOL algorithm, which is depicted in Figure 4.6 and also summarised in Algorithm

1, comprises of �ve main stages: pre-processing, time alignment, predicting warp, similarity

comparison, and a post-process mapping similarity to objective quality [17].

In the pre-processing stage, the degraded signal is scaled to match the power level of

the reference signal with the help of Short-term Fourier Transform (STFT) spectrogram

representations of the signals. In the time alignment stage, the reference signal is split into

patches, i.e. frames in ITU-T P.863 idiom, for comparison with the degraded signal for

�nding similarity score for each patch using Neurogram Similarity Index Measure (NSIM)

[88]. Since NSIM is more susceptible to time-warping than a human listener, alternatives

of the reference patches are created in the predicting warp stage by using a cubic two-

dimensional interpolation to produce slightly longer and shorter patches, i.e. 1% and 5%

respectively. Subsequently, the comparison stage is concluded by comparing test patches with

reference patches and the warped reference patches using NSIM to identify the corresponding

patches with the highest similarity score. In the similarity comparison stage, spectrograms

are treated as images to determine the similarity. The internals of the similarity comparison

is detailed in [17, 89, 88]. Finally, in the stage of post-process mapping similarity to objective

quality, the similarity score is translated to MOS-LQO in the range of 1 to 5 using a sigmoid-

like mapping function. The mapping function is created using the mean of the third-order

polynomial �tting functions for the ITU-T P. Supplement 23 coded-speech databases [90].

The interested reader is referred to [17] for further details.

While ViSQOL has thus far been mostly research motivated and deployed in an academic

context, it has recently been made an open-source project in January 2020 [91]. Although the

core principles described above mostly stays the same, ViSQOL has also seen some revisions,

for example, a re-implementation using C++ instead of MATLAB as the original version.

These revisions and cutting edge paradigms in the current state of ViSQOL are described in
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[92]. Evolution of ViSQOL, along with the evolution of POLQA, is reviewed in [22].

Figure 4.6 Block diagram of ViSQOL [17]

4.3.5 Non-intrusive Objective Speech Quality Measurements

The intrusive objective models described above require access to the input reference signal

as they work based on the principle of estimating the distortion between the input reference

signal and degraded output signal and subsequently mapping the estimated distortion to a

quality scale. However, the reference signal is not always available in some application sce-

narios. For instance, it might be required to continuously monitor the network performance

in terms of speech quality in VoIP or IP telephony deployments, where only the output

signal or packets are available. Non-intrusive objective speech quality models are desirable

for continuous monitoring of the quality of speech delivered in such cases [78].

The non-intrusive models introduce di�erent fundamental principles than intrusive mod-

els in order to analyse the degraded output signal in the absence of the reference signal.

Numerous non-intrusive models are proposed and they can be grouped as parameter-based

and signal-based non-intrusive models as it is shown in Figure 4.1. Some of the non-intrusive

measures are based on the comparison between the output speech signal and an arti�cial ref-

erence signal, which represents the closest match from an appropriately formulated codebook

[93, 94]. Another type of non-intrusive models includes vocal-tract modelling techniques and

example of which can be found in [95, 96]. Further details on several non-intrusive method-
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Algorithm 1 General overview of the ViSQOL algorithm [17] to calculate QMOS =

V ISQOL(x; y)
Require:

x

y

Ensure: dBSPL(y) == dBSPL(x)

r  spectogram(x)

d  spectogram(y)

r  r � argminr

d  d � argminr

for patch = 1 to length(r) - PATCHSIZE do

if VAD(r(patch)) = TRUE then

refpathes[ ]  r (patch)

refwarppathes[ ]  warp(r (patch))

end if

td[ ]  alignpatches(refpatches[ ]; d)

end for

for all refpatches such that 1� i � NUMPATCHES do

for all warps such that 1� wi � NUMWARPS do

for all td such that 1 � t i � NUMPATCHES do

q(i )  nsim(refpatches(i ); d(td(t i )))

qwarp(i )  nsim(refwarppatches(wi ); d(td(t i )))

q(i )  max(q(i ); qwarp(i ))

end for

end for

end for

Q  �( qi)
NUMP AT CHES

QMOS  maptomos(Q)
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ologies can be found in [97, 98, 99, 100]. ITU-T G.107 E-model [69] is also classi�ed as a

non-intrusive approach and described in more detail below.

ITU-T G.107 E-model

ITU-T G.107 E-model [69] is a parameter-based non-intrusive method that is predominantly

used in the industry as the passive speech quality assessment model and the computational

model mainly for network planning. The E-Model was originally proposed by a working

group in European Telecommunications Standards Institute (ETSI) working on Technical

Report ETR 250 [101].

The underlying principle of E-model has its roots at the following concept: "Psychological

factors on the psychological scale are additive." by Allnatt [102]. Allnatt also reaches to the

following conclusion, supporting this concept, in the same article [102]: "Where unrelated

impairments are rated in terms of the same type of response, the scale of apparent magni-

tude closely approximates a scale of summable subjective magnitude.". This hypothesis is

exploited in identifying the accumulative perceptual e�ects of distinct degradations that can

simultaneously occur on a telephone connection, including VoIP.

E-model considers all the possible impairments for the end-to-end speech transmission,

such as equipment-related impairments, codec, packet loss, delay, jitter, echo, and also the

impairments that occur simultaneously with speech, i.e. quantisation noise, speech level [35].

E-model is formulated with the following equation [69]:

R = R0 � I s � I d � I e� ef f + A (4.1)

where

� R: overall resulting transmission rating factor, which combines all transmission param-

eters for the considered connection;
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� R0: the basic signal-to-noise ratio, including noise sources such as circuit noise and

room noise;

� Is: the combination of all impairments which occur more or less simultaneously with

the voice signal such as quantisation noise, received speech level and side-tone level;

� Id: the impairments caused by delay, i.e. absolute propagation delay between sender

and receiver, talker echo, listener echo;

� Ie-e� : e�ective equipment impairment, such as codecs, packet loss and jitter;

� A: advantage factor for compensation of impairment factors when the user bene�ts

from other types of access to the user.

For the conversational situations, MOSCQE (Mean Opinion Score Conversation Quality

Estimated) can be obtained fromR-factor according to the following equation [69]:

MOS =

8
>>>>>><

>>>>>>:

1 for R � 0

1 + 0:035R + R(R � 60)(100� R)7x10� 6 for 0 < R < 100

4:5 for R � 100

(4.2)

4.4 Summary

This chapter explored speech quality assessment methods starting with the taxonomy of

the various approaches in the literature. Both subjective and objective assessment methods

are reviewed in detail. Subjective methods form the basis and ground truth for developing,

evaluating, and improving the objective prediction models. In this work, objective models,

especially ITU-T P.863, are heavily utilised as it will be seen in Chapter 6.
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Chapter Five

Jitter Bu�er Management and WebRTC

Approach

One of the challenges that VoIP applications have to counteract is the impairments due to

the delay and jitter in the network. As a result of such impairments, voice packets may

arrive at the receiver with excessive delay or with varying inter-arrival delay. It can also

cause packets arriving out of the original sequence than it was dispatched from the sender.

These impairments are typically associated with considerable perceptual impairment of the

transmitted speech since they can obstruct proper reconstruction of voice signals. Therefore,

a jitter bu�er is employed as a receiver component in a VoIP application and the playout

of the packets is managed in a controlled manner with an e�ort to minimise the impacts of

the impairments as mentioned earlier while trying to maximise the speech and conversation

quality. In this chapter, jitter bu�er management and its modern applications with a focus

on its WebRTC implementation are studied.

5.1 Jitter Bu�er and Playout Management

VoIP applications typically generate voice packets at a constant rate, for instance, one packet

every 20 milliseconds, except the cases when mechanisms such as silence suppression or
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discontinuous transmission (DTX) are incorporated [24]. The regularity of VoIP packets is

impaired by the stochastically varying conditions of packet-switched networks, typically due

to e�ects of routing, queuing, scheduling and serialization on the path through the packet-

switched networks [9]. Therefore, the RTP packets arrive with random jitters in their arrival

time to the destination, and they may also arrive out of order. Speech decoders, on the

other hand, typically expect a speech packet at the packetisation frequency to output speech

samples in periodic blocks. Transmission delay variation has long been one of the signi�cant

challenges for real-time voice communications over IP networks. Substantial research e�ort

has been devoted to smooth the jitter and mitigate its impairments in di�erent layers of

communication systems. As part of the e�orts at the application layer, jitter bu�er and

playout management algorithms are devised to control the bu�ering, mitigate the e�ects

of jitter, schedule and render the voice packets. Many techniques were proposed since the

beginning of 1980s when the idea of combining voice and data over IP networks began to

emerge [2]. The primary goal of the jitter bu�er and playout management techniques is to

provide regular packets to the decoder for smooth playout while keeping both end-to-end

delay and late loss rate as small as possible. In general, these techniques are grouped as�xed

and adaptive strategies. Fixed techniques were �rst to be invented and there are multiple

approaches to �xed strategies in the literature. [2] provides an extensive review of such

techniques. The work of Gruber [103] and Montgomery [104] are, in this regard, among

the initial primary studies where they propose adding an additional bu�ering delay on the

receiver side to solve the issues due to the presence of jitter. The conventional method

for �xed strategies is to use a �xed size jitter bu�er that can hold a constant number of

voice packets. While �xed approaches are easier to implement with lower computational

complexity, they are not e�cient to deal with temporal variability of the network delay

[105].

Adaptive jitter bu�er management and playout algorithms were proposed to overcome

the shortcomings of �xed strategies. Adaptive techniques primarily deliver the following
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features:

� monitor varying network conditions,

� make decisions about the target jitter bu�er level,

� control the bu�ering delay and late loss tolerance trade-o�,

� schedule the playout time for the packets,

� determine the playout mode for the voice frames.

The decisions adapt to the current network statistics to re�ect the variations in the condi-

tions; hence they are calledadaptivetechniques. Adaptive techniques can be further classi�ed

as per-talkspurt and per-packet adaptive techniques. Per-packet techniques are sometimes

called as intra-talkspurt techniques in the literature, as it is the case in [105], however,

per-packet is preferred in this thesis.

Speech is composed of talkspurts interleaved by the silence or unvoiced periods between

talkspurts [3, 105]. Early adaptive techniques employed playout adjustments by exploiting

the silence or unvoiced periods in the speech stream and various such techniques are proposed

in [106, 107, 108, 109]. Essentially these algorithms, theper-talkspurt techniques, adjust the

bu�ering delay between the talkspurts and they can also extend or shorten the silence periods

between talkspurts based on the present network conditions. The algorithms di�erentiate

from each other in several aspects, such as the way that they estimate the delay and jitter

and build the network statistics and histograms. A signi�cant body of work relating to

per-talkspurt techniques, with a comparative analysis, is provided in [2] and [105].

E�ectiveness of the per-talkspurt techniques is restricted, and their limitations are ob-

served, especially under conditions where talkspurts are long, or jitter is high within talk-

spurts. In response to these limitations, [110] proposes a newper-packet technique, which

is devised to work by making playout adjustments not only during silence periods but also

during voiced periods. As it is implied by its name, in per-packet techniques, the adjacent
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packets may be exposed to di�erent bu�ering delays by applying temporal extension or tem-

poral compression of the speech signal waveform [105]. In [110], such operations are realized

using time-scale modi�cation based on the Waveform Similarity Overlap-Add (WSOLA)

algorithm [111], an interpolation-based method operating in the time domain.

Time-scale modi�cations are applied by scaling the perceived speech timing attributes

of the speech signal, such as speaking speed, without impacting perceived speech frequency

attributes, e.g. pitch. As it is explained in [105], the formal de�nition of time-scale modi�-

cation is speci�ed by a 1:1 mapping

n ! n0 = � (n) (5.1)

between the originaln and the time-scaledn'. According to equation 5.1, the sound at

time n in the original signal is scheduled to be played at timen' in the time-scaled signal.

Consequently, the perceived rate of speech articulation is slowed down or speeded up. As

such, some degradation is introduced, yet algorithms strive to keep this at a tolerable level

as WSOLA assumes this can be accomplished by constructing a synthetic waveform that

maintains maximal local acoustic similarity to the original waveform [105]. It is worth

noting here that the proposed approach in [110] was further advanced in [112] to develop a

joint jitter bu�er management and packet loss concealment technique. The idea of such a

joint technique is also described in [113].

5.2 Jitter Bu�er Management in WebRTC

Although there have been many studies on jitter bu�er management, there are not so many

with a focus on WebRTC. A small number of previous research have been found concerning

WebRTC's jitter bu�er management, and they evaluate only its performance and share their

�ndings [4] [39] [23] [18] [114] [20]. [4] [39] [23] [20] show that WebRTC's voice quality su�ers

under network conditions with high jitter, and it is seen that there is room for improvement.
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Moreover, it is worth noting here that the previous studies do not identify the root causes

of the degradation introduced by WebRTC under impaired network conditions.

IETF standardises some aspects of media handling in WebRTC; however, it does not

de�ne a jitter bu�er and playout management solution. Design and architectural concepts

of the jitter bu�er and playout management approach are left to the practitioners. WebRTC

open-source project encompasses a module called NetEQ in its audio coding modules. The

NetEQ module implements an adaptive jitter bu�er and playout management solution. De-

tailed analysis of [43] and WebRTC NetEQ codebase investigation show that some of the

core concepts come from"Method and receiver for determining a jitter bu�er level" [43]. [4]

[39] also con�rm that the jitter bu�er management algorithm in NetEQ is based on [43]. [43]

and [110] share some similar concepts as they both operate based on a per-packet approach

to calculate the network statistics and delay histogram. Figure 5.1 illustrates the receiver

side of a VoIP system described in [43].

Figure 5.1 System described in [43]

The essential idea presented in [43] is founded on trading o� the internal delay in jitter

bu�er and packet loss by adapting to the current network conditions. The receiver side

of the VoIP session collects statistical measures describing network conditions to monitor

the nature and magnitude of the jitter. Inter-arrival times between subsequent packets are
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used to continuously update a probability mass function, which is then used to de�ne an

expected duration of an empty jitter bu�er, i.e. probability of under�owing the jitter bu�er.

A map of the expected duration of an empty bu�er for a certain bu�er level is produced.

In [43], the duration of an empty jitter bu�er is also named as outage time, during which

time, synthetic data or packet loss concealment data is generated. The combination of the

two quantities, internal delay and robustness against network jitter, forms the basis of the

optimisation problem. [43] minimises a cost function, as shown in Equation 5.2, including a

jitter bu�er delay and expected duration of empty bu�er for a given bu�er level, B. Thus, it

proposes determining a target bu�er level. The cost function refers to the total cost of jitter

bu�er delay and expected duration of an empty jitter bu�er for a given bu�er level, B.

� (B ) = C � B + E[length(underf low )jB ] = C � B +
Z 1

B
(t � B )f � (t)dt (5.2)

In Equation 5.2, C is the weighing factor, which sets the relative impact of the two

quantities where a largeC indicates a higher impact of internal bu�er delay. Similarly, a

small C indicates a higher impact of bu�er under�ow. The objective is to determine the

target bu�er level B , which minimises the cost function.

This target bu�er level is then compared with the actual current bu�er level. In case of a

di�erence, the decoded signal samples are modi�ed accordingly, i.e. lengthened or shortened.

This process indirectly controls the current jitter bu�er level and shifts it towards the target

bu�er level. As a result of this process, the packet demand, from the jitter bu�er by the

playout logic, will increase or decrease the rate with which packets are extracted from the

jitter bu�er, hence converging the current bu�er level towards target bu�er level. The �ow

chart for this algorithm is illustrated in Figure 5.2.

[43] does not de�ne how the decoded signal samples are modi�ed, however investigation

of the source code shows that WebRTC implements a time-scale modi�cation algorithm,

based on WSOLA, for lengthening or shortening of the decoded signals as it is proposed and

described in [110, 112].
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Figure 5.2 Simpli�ed �ow chart for the system described in [43]

71



The widespread usage of WebRTC in numerous global applications with billions of

users and applications leads to many research e�orts and improvements in NetEQ. Very

recently, Google Research and DeepMind teams released an improvement for NetEQ, called

WaveNetEQ [115]. WebRTC's NetEQ component uses signal processing to conceal speech

losses by analysing the speech signal and continuing it smoothly, which works well for the

losses up to 20 milliseconds as argued by Barrera and Stimberg in [115]. WaveNetEQ substi-

tutes NetEQ's PLC sub-component with a modi�ed version of WaveRNN, a recurrent neural

network model for speech synthesis. WaveNetEQ's generative model is trained with a large

corpus of speech data to realistically continue short speech segments, which enables it to

fully synthesize the raw waveform of missing speech [115].

5.3 Source Code Analysis of WebRTC Jitter Bu�er Man-

agement

In this section, we provide a review and analysis of the source code for jitter bu�er and

playout management in WebRTC, which is encapsulated in the NetEQ module. NetEQ was

originally developed as a codec agnostic joint adaptive jitter bu�er management and error

concealment solution by GIPS [44], which was later acquired by Google [116]. Note that an

internal packet loss concealment procedure of the Opus codec is not used in NetEQ1.

NetEQ source code2 is openly available in WebRTC repository. We investigated3 the

source code of NetEQ component in WebRTC codebase. The investigation reveals interesting

details regarding the internal architectural building blocks and call �ows. We provide an

overall summarised description for the architecture and the �ow of actions for an RTP

1https://bugs.chromium.org/p/webrtc/issues/detail?id=1181
2https://webrtc.googlesource.com/src.git/+/refs/heads/master/modules/audio_coding/neteq/
3The last commit date for the investigated codebase is 2020-May-23 and git commit sha is 7ec-

cfc6933c7a7bc7a8af82faa45b2b96c87083e.
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packet that arrives into NetEQ and extraction of audio frames from NetEQ for playout.

NetEqImpl class, de�ned in neteq_impl.h and implemented in neteq_impl.cc, is the main

entry and overall governing control logic implementation for NetEQ. It exposes methods to

be used by the other components in a WebRTC application. Two focal methods exposed,

among others, are InsertPacket and GetAudio, typically consumed by two di�erent threads,

a network/socket thread to place the incoming packets into the packet bu�er and a renderer

thread to fetch the audio frames in order to deliver to the sound card, respectively.

NetEqImpl class has a packet bu�er object, an instance of PacketBu�er class. Packet-

Bu�er is the actual jitter bu�er storage in WebRTC, de�ned in packet_bu�er.h and imple-

mented in packet_bu�er.cc. As the RTP packets arrive from the network components, they

are placed into the PacketBu�er, which provides a First-in First-out data structure for the

packets. It is worth mentioning that the audio payload is in the encoded form while it is in

the PacketBu�er. NetEQ allows the user to de�ne a maximum bu�er capacity in Packet-

Bu�er. In the absence of a user-de�ned capacity, the default capacity used in WebRTC was

50 packets since the inception; however, it was increased to 200 packets4 due to the reported

issues with frequent bu�er �ush due to the bu�er over�ows and packet loss concealment

operations occurring under network conditions with high delay5.

After network imperfections such as high delay variation, congestion or re-transmissions,

a number of consecutive packets can arrive at the receiver nearly at the same time. This near-

simultaneous arrival of multiple packets at the receiver is called apacket burst. When a packet

arrives to full jitter bu�er, NetEQ is designed to �ush all the packets and place the new packet

into the empty bu�er. Bu�er �ushes can occur in cascade when multiple packet bursts occur

in a row. In the absence of a term de�ning this behaviour in literature, we coin the termbu�er

�ush train or bu�er over�ow train to describe it. It is acknowledged that increased capacity

will result in higher jitter bu�er delay while the overall positive impact is still more signi�cant

4https://webrtc-review.googlesource.com/c/src/+/128082
5https://bugs.chromium.org/p/webrtc/issues/detail?id=10415
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by preventing the bu�er �ush train. 200 packets, or even 50 packets, can be deemed to be

too many considering the nature of VoIP and delay recommendations in [38]. Therefore

it is advantageous to exploit the method to con�gure the adequate capacity depending on

the requirements for a given application. If a packet arrives at a full PacketBu�er, NetEQ

is designed to remove all the packets in the bu�er. Figure 5.3 shows this behaviour and

general �ow for NetEQ, which is similar to the �ow in Figure 5.2. This design decision and

its consequences are further investigated in this study in the following chapter. In addition

to PacketBu�er, there are two additional bu�ers in NetEQ that are worth mentioning to

describe NetEQ principles, SyncBu�er and AlgorithmBu�er, which will be explained in the

following paragraphs.

NetEqImpl class has a delay manager object, an instance of DelayManager class, de�ned

in delay_manager.h and implemented in delay_manager.cc. After the last received packet

is inserted into the PacketBu�er, DelayManager is updated, which in turn updates the

inter-arrival time histogram for the incoming packets and other statistics it holds. Based

on these calculations and the current packet bu�er level, the target packet bu�er level is

adjusted. Examination of the delay manager implementation shows that it generally aligns

with the concepts described in [43]. In summary, an incoming packet is received through

the InsertPacket method in NetEqImpl, which places it into the packet bu�er and updates

the delay manager. DelayManager allows setting of some user-de�ned parameters such as

minimum and maximum base delays, which are taken into consideration while calculating

the target bu�er level.

GetAudio is invoked to provide 10 milliseconds of decoded audio data, which will typi-

cally be delivered to a sound card for playout by the application. GetAudio starts a decision-

making process to determine how best to reconstruct 10 milliseconds of audio from the al-

ready received packets. The process for decision making is executed through the GetDecision

method of DecisionLogic instance in NetEqImpl. DecisionLogic is de�ned in decision_logic.h

and implemented in decision_logic.cc. The output of GetDecision in DecisionLogic class is
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