
9HSTFMG*aejgdc+ 

ISBN 978-952-60-4963-2 
ISBN 978-952-60-4964-9 (pdf) 
ISSN-L 1799-4934 
ISSN 1799-4934 
ISSN 1799-4942 (pdf) 
 
Aalto University 
School of Electrical Engineering 
Department of Signal Processing and Acoustics 
www.aalto.fi 

BUSINESS + 
ECONOMY 
 
ART + 
DESIGN + 
ARCHITECTURE 
 
SCIENCE + 
TECHNOLOGY 
 
CROSSOVER 
 
DOCTORAL 
DISSERTATIONS 

A
alto-D

D
 5

/2
013 

Speech transmission in telephone systems 
is traditionally limited to narrowband 
speech with an audio frequency range of 
300–3400 Hz. The bandwidth limitation 
degrades the quality and intelligibility of 
speech and causes the characteristic 
muffled sound of a telephone connection. 
While wideband (50–7000 Hz) speech is 
increasingly becoming available to 
telephone users, narrowband speech is still 
prevalent, and the transition from 
narrowband to wideband telephony is likely 
to take a long time. To enhance the quality of 
narrowband speech and to make it closer to 
that of wideband speech, the narrow 
bandwidth can be broadened by artificial 
bandwidth extension (ABE) at the receiving 
end of the transmission. This thesis presents 
ABE techniques, proposes new methods for 
the task, and addresses the evaluation of 
ABE methods. As indicated by the listening 
tests and conversational evaluations 
reported in this thesis, ABE can improve the 
average quality and intelligibility of 
narrowband speech. 

H
annu P

ulakka 
D

evelopm
ent and evaluation of artificial bandw

idth extension m
ethods for narrow

band telephone speech 
A

alto
 U

n
ive

rsity 

Department of Signal Processing and Acoustics 

Development and 
evaluation of artificial 
bandwidth extension 
methods for narrowband 
telephone speech 

Hannu Pulakka 

DOCTORAL 
DISSERTATIONS 

9HSTFMG*aejgdc+ 

ISBN 978-952-60-4963-2 
ISBN 978-952-60-4964-9 (pdf) 
ISSN-L 1799-4934 
ISSN 1799-4934 
ISSN 1799-4942 (pdf) 
 
Aalto University 
School of Electrical Engineering 
Department of Signal Processing and Acoustics 
www.aalto.fi 

BUSINESS + 
ECONOMY 
 
ART + 
DESIGN + 
ARCHITECTURE 
 
SCIENCE + 
TECHNOLOGY 
 
CROSSOVER 
 
DOCTORAL 
DISSERTATIONS 

A
alto-D

D
 5

/2
013 

Speech transmission in telephone systems 
is traditionally limited to narrowband 
speech with an audio frequency range of 
300–3400 Hz. The bandwidth limitation 
degrades the quality and intelligibility of 
speech and causes the characteristic 
muffled sound of a telephone connection. 
While wideband (50–7000 Hz) speech is 
increasingly becoming available to 
telephone users, narrowband speech is still 
prevalent, and the transition from 
narrowband to wideband telephony is likely 
to take a long time. To enhance the quality of 
narrowband speech and to make it closer to 
that of wideband speech, the narrow 
bandwidth can be broadened by artificial 
bandwidth extension (ABE) at the receiving 
end of the transmission. This thesis presents 
ABE techniques, proposes new methods for 
the task, and addresses the evaluation of 
ABE methods. As indicated by the listening 
tests and conversational evaluations 
reported in this thesis, ABE can improve the 
average quality and intelligibility of 
narrowband speech. 

H
annu P

ulakka 
D

evelopm
ent and evaluation of artificial bandw

idth extension m
ethods for narrow

band telephone speech 
A

alto
 U

n
ive

rsity 

Department of Signal Processing and Acoustics 

Development and 
evaluation of artificial 
bandwidth extension 
methods for narrowband 
telephone speech 

Hannu Pulakka 

DOCTORAL 
DISSERTATIONS 

9HSTFMG*aejgdc+ 

ISBN 978-952-60-4963-2 
ISBN 978-952-60-4964-9 (pdf) 
ISSN-L 1799-4934 
ISSN 1799-4934 
ISSN 1799-4942 (pdf) 
 
Aalto University 
School of Electrical Engineering 
Department of Signal Processing and Acoustics 
www.aalto.fi 

BUSINESS + 
ECONOMY 
 
ART + 
DESIGN + 
ARCHITECTURE 
 
SCIENCE + 
TECHNOLOGY 
 
CROSSOVER 
 
DOCTORAL 
DISSERTATIONS 

A
alto-D

D
 5

/2
013 

Speech transmission in telephone systems 
is traditionally limited to narrowband 
speech with an audio frequency range of 
300–3400 Hz. The bandwidth limitation 
degrades the quality and intelligibility of 
speech and causes the characteristic 
muffled sound of a telephone connection. 
While wideband (50–7000 Hz) speech is 
increasingly becoming available to 
telephone users, narrowband speech is still 
prevalent, and the transition from 
narrowband to wideband telephony is likely 
to take a long time. To enhance the quality of 
narrowband speech and to make it closer to 
that of wideband speech, the narrow 
bandwidth can be broadened by artificial 
bandwidth extension (ABE) at the receiving 
end of the transmission. This thesis presents 
ABE techniques, proposes new methods for 
the task, and addresses the evaluation of 
ABE methods. As indicated by the listening 
tests and conversational evaluations 
reported in this thesis, ABE can improve the 
average quality and intelligibility of 
narrowband speech. 

H
annu P

ulakka 
D

evelopm
ent and evaluation of artificial bandw

idth extension m
ethods for narrow

band telephone speech 
A

alto
 U

n
ive

rsity 

Department of Signal Processing and Acoustics 

Development and 
evaluation of artificial 
bandwidth extension 
methods for narrowband 
telephone speech 

Hannu Pulakka 

DOCTORAL 
DISSERTATIONS 



Aalto University publication series 
DOCTORAL DISSERTATIONS 5/2013 

Development and evaluation of 
artificial bandwidth extension methods 
for narrowband telephone speech 

Hannu Pulakka 

A doctoral dissertation completed for the degree of Doctor of 
Science in Technology to be defended, with the permission of the 
Aalto University School of Electrical Engineering, at a public 
examination held in lecture hall S1 of the school on February 15, 
2013, at 12 noon. 

Aalto University 
School of Electrical Engineering 
Department of Signal Processing and Acoustics 



Supervising professor 
Professor Paavo Alku 
 
Thesis advisor 
Professor Paavo Alku 
 
Preliminary examiners 
Professor Hynek Hermansky, Johns Hopkins University, USA 
Professor Douglas O'Shaughnessy, Institut national de la recherche 
scientifique (INRS), Canada 
 
Opponent 
Professor Tim Fingscheidt, Technische Universität Braunschweig, 
Germany 

Aalto University publication series 
DOCTORAL DISSERTATIONS 5/2013 
 
© Hannu Pulakka 
 
ISBN 978-952-60-4963-2 (printed) 
ISBN 978-952-60-4964-9 (pdf) 
ISSN-L 1799-4934 
ISSN 1799-4934 (printed) 
ISSN 1799-4942 (pdf) 
http://urn.fi/URN:ISBN:978-952-60-4964-9 
 
Unigrafia Oy 
Helsinki 2013 
 
Finland 



Abstract 
Aalto University, P.O. Box 11000, FI-00076 Aalto  www.aalto.fi 

Author 
Hannu Pulakka 
Name of the doctoral dissertation 
Development and evaluation of artificial bandwidth extension methods for narrowband 
telephone speech 
Publisher School of Electrical Engineering 
Unit Department of Signal Processing and Acoustics 

Series Aalto University publication series DOCTORAL DISSERTATIONS 5/2013 

Field of research Acoustics and audio signal processing 

Manuscript submitted 13 August 2012 Date of the defence 15 February 2013 

Permission to publish granted (date) 25 October 2012 Language English 

Monograph Article dissertation (summary + original articles) 

Abstract 
Telephone systems commonly transmit narrowband speech with an audio bandwidth limited 

to the traditional telephone band of 300–3400 Hz. The narrow bandwidth degrades the quality 
and intelligibility of speech. A significant improvement is provided by the transmission of 
wideband speech, which typically covers the frequency range of 50–7000 Hz. Currently, 
wideband speech services are increasingly deployed in cellular telephone networks, but the 
transition from narrowband to wideband speech transmission is expected to take a long time. 

The quality of narrowband speech can be improved by artificial bandwidth extension (ABE) 
that attempts to reconstruct the missing frequency content artificially from the narrowband 
speech signal. ABE can be implemented in the receiving terminal device and used with the 
existing narrowband speech coding and transmission techniques. ABE is expected to gain 
importance during the transition to wideband telephony as a means to reduce the perceived 
quality difference between narrowband and wideband speech. 

This thesis contributes to the development and evaluation of ABE, especially for the 
application in mobile phones. Two new ABE methods are proposed: the filter bank-based ABE 
(FB-ABE) for the high-frequency range above the traditional telephone band and the lowband 
ABE (LB-ABE) for the low-frequency range below the telephone band. The feasibility of 
implementation in mobile devices is taken into account in the design of the methods. The 
methods were evaluated primarily by subjective listening tests that simulated realistic 
telephone speech including the use of speech codecs. A subjective evaluation of ABE in three 
languages was also organized and ABE was found to improve the speech quality in all the 
evaluated languages. Furthermore, conversational evaluations were arranged for simulated 
telephone connections involving real-time ABE processing. The ABE methods presented in this 
thesis are shown to improve, in general, the perceived quality and preference over narrowband 
speech. 

Keywords speech, speech enhancement, artificial bandwidth extension, quality evaluation 

ISBN (printed) 978-952-60-4963-2 ISBN (pdf) 978-952-60-4964-9 

ISSN-L 1799-4934 ISSN (printed) 1799-4934 ISSN (pdf) 1799-4942 

Location of publisher Espoo Location of printing Helsinki Year 2013 

Pages 198 urn http://urn.fi/URN:ISBN:978-952-60-4964-9 





Tiivistelmä 
Aalto-yliopisto, PL 11000, 00076 Aalto  www.aalto.fi 

Tekijä 
Hannu Pulakka 
Väitöskirjan nimi 
Puhelinkaistan keinotekoisten laajennusmenetelmien kehittäminen ja evaluointi 
Julkaisija Sähkötekniikan korkeakoulu 
Yksikkö Signaalinkäsittelyn ja akustiikan laitos 

Sarja Aalto University publication series DOCTORAL DISSERTATIONS 5/2013 

Tutkimusala Akustiikka ja äänenkäsittelytekniikka 

Käsikirjoituksen pvm 13.08.2012 Väitöspäivä 15.02.2013 

Julkaisuluvan myöntämispäivä 25.10.2012 Kieli Englanti 

Monografia Yhdistelmäväitöskirja (yhteenveto-osa + erillisartikkelit) 

Tiivistelmä 
Useimmat puhelinjärjestelmät välittävät puheen kapeakaistaisena eli rajoittavat 

äänitaajuuskaistan perinteiseen puhelinkaistaan 300–3400 Hz. Kapea taajuuskaista heikentää 
puheen laatua ja ymmärrettävyyttä. Molempia voidaan parantaa merkittävästi siirtämällä puhe 
laajakaistaisena, mikä yleensä tarkoittaa äänitaajuusaluetta 50–7000 Hz. Laajakaistaiset 
puhelut alkavat olla mahdollisia yhä useammissa matkapuhelinverkoissa, mutta siirtymävaihe 
kapeakaistaisesta puheensiirrosta laajakaistaiseen kestänee pitkään. 

Kapeakaistaisen puheen laatua voidaan parantaa keinotekoisen kaistanlaajennuksen 
(artificial bandwidth extension, ABE) avulla. Keinotekoinen kaistanlaajennus muodostaa 
puuttuvan taajuussisällön pelkästään kapeakaistaisen puhesignaalin perusteella. 
Kaistanlaajennus voidaan toteuttaa vastaanottopään päätelaitteessa, ja sitä voidaan käyttää 
nykyisten kapeakaistaisten puheenkoodaus- ja puheensiirtomenetelmien yhteydessä. 
Kaistanlaajennuksen avulla voidaan vähentää kapea- ja laajakaistaisen puheen välistä 
laatueroa, ja siksi kaistanlaajennuksen merkityksen odotetaan kasvavan siirtymävaiheessa 
kapeakaistaisesta puheensiirrosta laajakaistaiseen. 

Tämä väitöskirja käsittelee keinotekoisen kaistanlaajennuksen kehittämistä ja evaluointia 
erityisesti matkapuhelimia varten. Työssä esitellään kaksi uutta kaistanlaajennusmenetelmää: 
suodinpankkiin perustuva FB-ABE-menetelmä puhelinkaistan yläpuoliselle taajuusalueelle 
ja LB-ABE-menetelmä puhelinkaistan alapuoliselle taajuusalueelle. Menetelmien 
suunnittelussa otettiin huomioon niiden toteutettavuus mobiililaitteissa. Menetelmiä 
evaluoitiin pääasiassa subjektiivisilla kuuntelukokeilla, joissa jäljiteltiin todellista 
matkapuhelinten puheensiirtoa muun muassa käyttämällä puhekoodereita. Työssä myös 
testattiin keinotekoista kaistanlaajennusta kuuntelukokeiden avulla kolmella eri kielellä, ja 
kaistanlaajennuksen todettiin keskimäärin parantavan puheen laatua kaikilla näillä kielillä. 
Lisäksi järjestettiin keskustelutestejä, joissa arvioitiin reaaliaikaista kaistanlaajennusta 
simuloidun puhelinyhteyden osana. Väitöskirjassa osoitetaan puheen laadun keskimäärin 
paranevan, kun kapeakaistainen puhesignaali muunnetaan laajakaistaiseksi työssä esitetyillä 
menetelmillä. 

Avainsanat puhe, puheen siistaus, keinotekoinen kaistanlaajennus, laadun evaluointi 

ISBN (painettu) 978-952-60-4963-2 ISBN (pdf) 978-952-60-4964-9 

ISSN-L 1799-4934 ISSN (painettu) 1799-4934 ISSN (pdf) 1799-4942 

Julkaisupaikka Espoo Painopaikka Helsinki Vuosi 2013 

Sivumäärä 198 urn http://urn.fi/URN:ISBN:978-952-60-4964-9 





Preface

This work was carried out at the Department of Signal Processing and

Acoustics at Aalto University School of Electrical Engineering (formerly

the Laboratory of Acoustics and Audio Signal Processing at Helsinki Uni-

versity of Technology) in Espoo, Finland. The work was funded by Nokia;

the Finnish Graduate School in Electronics, Telecommunications, and

Automation (GETA); the Academy of Finland projects 135003 (LASTU

research programme) and 256961; Aalto University (Mide/UI-ART); and

the European Community’s Seventh Framework Programme (FP7/2007–

2013) under grant agreement no 287678 (Simple4all). The dissertation

work was also supported by the Foundation of Nokia Corporation, the

Finnish Foundation for Economic and Technology Sciences (KAUTE,

Kaartokulma’s fund), and Tekniikan Edistämissäätiö (TES).

I am most indebted to my supervisor and instructor, professor Paavo

Alku, for giving me the opportunity to work in his research group on this

fascinating topic. I am sincerely grateful to Paavo for sharing ideas and

knowledge, giving guidance and advice, being encouraging when it was

needed most, taking care of financial and administrative issues, tolerating

delayed schedules, and being a great instructor and boss.

The work has been conducted in collaboration with Nokia. This has

linked the research closely to real-world applications, which has always

given me extra motivation. The people involved in this project in Nokia

have been truly inspiring. I am obliged to Laura Laaksonen, Ville Myllylä,

Jari Sjöberg, and Päivi Valve for their important role in this work.

I am grateful to the co-authors of the articles: Jouni Pohjalainen and

Martti Vainio for their expertise and contribution, Santeri Yrttiaho for

diligently performing the statistical analyses, and Mikko Kurimo, Kalle

Palomäki, and Ulpu Remes for the collaboration which started after a chat

with Kalle in a bus to work, a collaboration that has taught me a lot about

7



Preface

scientific work. I wonder what opportunities I have missed while mostly

bicycling to work all these years.

I want to thank the pre-examiners of this thesis, professor Hynek

Hermansky and professor Douglas O’Shaughnessy, for valuable sugges-

tions and corrections to the manuscript. I am grateful to Luis Costa for

carefully proofreading my texts. A special thanks goes to Jussi Pekonen

for the excellent LATEX template of the doctoral thesis. I would also like to

thank the key persons behind GETA: the directors professor Iiro Hartimo

and professor Ari Sihvola and the coordinator Marja Leppäharju.

Over 200 people participated in the subjective tests presented in this

thesis. I am grateful to all these people who kindly found the time to

participate and gave their opinions. I am sorry to have bothered you in

newsgroups, with e-mails, in the university corridors and guild rooms, etc.

I have been privileged to be part of the unique work community of the

acoustics laboratory. I am indebted to professor Matti Karjalainen (In

Memoriam 1946–2010), who first hired me to the lab. I want to thank

Heidi, Hynde, Lea, Mara, Markku, Mirja, and Ulla for taking care of

administrative and practical matters. I am especially grateful to my

longest-term room-mates Antti, Heidi-Maria, and Heikki for making our

office not only a great place to work but also an enjoyable environment

for diverse discussions. A special thanks goes to Emma for collaboration

and all the good questions, Julian for his assistance in writing in En-

glish, Jykke for brilliant music entertainment and second-lunch company,

Laura L. for music, Mairas for sailing and other activities, Marko T. for

enthusiastic company for sports, Okko and Unski for inspiring research

ideas, Tapani and Mikko-Ville for technical help, Tuomo for collaboration

and recreational events, and Ville P. for true hands-on activities. I would

also like to thank Carlo (In Memoriam 1980–2008), Cumhur, Henkka,

Henna, Ilkka, Juho K., Laura E., Lauri, Magge, Olli S., Rafael, Sami,

Seppo, Tomppa, Vesa, and all the other current and former lab colleagues

for the friendly atmosphere and countless unforgettable moments.

I am grateful to my friends for all the social activities, sports, music,

and friendship. Finally, I want to express my warmest gratitude to my

parents, Leena and Martti, and my brother Matti for all kinds of support

over the years.

Espoo, December 27, 2012,

Hannu Pulakka

8



Contents

Preface 7

Contents 9

List of publications 13

Author’s contribution 15

List of abbreviations 17

List of symbols 21

List of figures 23

1. Introduction 25

2. Speech and hearing 29

2.1 Speech production mechanism . . . . . . . . . . . . . . . . . . 29

2.2 Speech spectrum . . . . . . . . . . . . . . . . . . . . . . . . . . 30

2.3 Source-filter model . . . . . . . . . . . . . . . . . . . . . . . . 32

2.4 Characteristics of hearing . . . . . . . . . . . . . . . . . . . . 33

2.5 Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 35

3. Speech transmission systems 37

3.1 Early analog telephone systems . . . . . . . . . . . . . . . . . 37

3.2 From analog to digital transmission . . . . . . . . . . . . . . 38

3.3 Intermediate reference system . . . . . . . . . . . . . . . . . 39

3.4 Mobile telephony . . . . . . . . . . . . . . . . . . . . . . . . . 40

3.5 Speech codecs . . . . . . . . . . . . . . . . . . . . . . . . . . . 42

3.6 Wideband telephony . . . . . . . . . . . . . . . . . . . . . . . 44

3.7 Simulation of the telephone connection . . . . . . . . . . . . 46

3.8 Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 47

9



Contents

4. Artificial bandwidth extension 49

4.1 Motivation for artificial bandwidth extension . . . . . . . . . 49

4.2 Frequency bands . . . . . . . . . . . . . . . . . . . . . . . . . 51

4.3 Correlation between frequency bands of speech . . . . . . . . 52

4.4 Speech bandwidth extension with side information . . . . . 53

4.5 Artificial bandwidth extension techniques . . . . . . . . . . . 54

4.5.1 Extension of the excitation . . . . . . . . . . . . . . . . 56

4.5.2 Feature extraction . . . . . . . . . . . . . . . . . . . . 60

4.5.3 Extension of the spectral envelope . . . . . . . . . . . 65

4.5.4 Estimation of the extension band gain . . . . . . . . . 70

4.5.5 Temporal envelope modeling . . . . . . . . . . . . . . . 70

4.5.6 Phonetically motivated approaches . . . . . . . . . . . 71

4.5.7 Other techniques utilized for ABE . . . . . . . . . . . 72

4.6 Characteristics of lowband and highband extension . . . . . 72

4.7 Varying conditions and adaptation . . . . . . . . . . . . . . . 74

4.8 Applications of artificial bandwidth extension . . . . . . . . . 76

4.9 Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 77

5. Perspectives into the quality of bandwidth-extended tele-

phone speech 79

5.1 Factors influencing the speech quality . . . . . . . . . . . . . 80

5.2 Loudness . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 80

5.3 Articulation and intelligibility . . . . . . . . . . . . . . . . . . 81

5.4 Bandwidth . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 82

5.5 Other factors . . . . . . . . . . . . . . . . . . . . . . . . . . . . 82

5.6 Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 84

6. Evaluation of artificial bandwidth extension 85

6.1 Subjective evaluation . . . . . . . . . . . . . . . . . . . . . . . 86

6.1.1 Standard listening test types defined by ITU . . . . . 87

6.1.2 Preference tests and similarity tests . . . . . . . . . . 89

6.1.3 Intelligibility tests . . . . . . . . . . . . . . . . . . . . 90

6.1.4 Conversational tests . . . . . . . . . . . . . . . . . . . 91

6.1.5 Statistical analysis of test results . . . . . . . . . . . . 92

6.2 Objective evaluation . . . . . . . . . . . . . . . . . . . . . . . 93

6.2.1 Distance measures . . . . . . . . . . . . . . . . . . . . 93

6.2.2 Methods modeling the human perception . . . . . . . 94

6.2.3 Objective evaluation based on quality dimensions . . 95

6.3 Summary of ABE evaluation results . . . . . . . . . . . . . . 96

10



Contents

6.3.1 Subjective listening quality . . . . . . . . . . . . . . . 96

6.3.2 Intelligibility . . . . . . . . . . . . . . . . . . . . . . . . 97

6.3.3 Conversational quality . . . . . . . . . . . . . . . . . . 98

6.3.4 Objective measures . . . . . . . . . . . . . . . . . . . . 98

6.3.5 Quality comparisons between ABE methods . . . . . 98

6.4 Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 99

7. Summary of publications 101

8. Conclusions 109

Bibliography 113

Publications 129

11



Contents

12



List of publications

This thesis consists of an overview and of the following publications which

are referred to in the text by their Roman numerals.

I Hannu Pulakka, Laura Laaksonen, Martti Vainio, Jouni Pohja-

lainen, and Paavo Alku, “Evaluation of an artificial speech band-

width extension method in three languages,” IEEE Transactions on

Audio, Speech, and Language Processing, vol. 16, no. 8, pp. 1124–

1137, August 2008.

II Hannu Pulakka and Paavo Alku, “Bandwidth extension of telephone

speech using a neural network and a filter bank implementation for

highband mel spectrum,” IEEE Transactions on Audio, Speech, and

Language Processing, vol. 19, no. 7, pp. 2170–2183, September 2011.

III Hannu Pulakka, Ulpu Remes, Santeri Yrttiaho, Kalle Palomäki,

Mikko Kurimo, and Paavo Alku, “Bandwidth extension of telephone

speech to low frequencies using sinusoidal synthesis and a Gaussian

mixture model,” IEEE Transactions on Audio, Speech, and Language

Processing, vol. 20, no. 8, pp. 2219–2231, October 2012.

IV Hannu Pulakka, Laura Laaksonen, Santeri Yrttiaho, Ville Myllylä,

and Paavo Alku, “Conversational quality evaluation of artificial

bandwidth extension of telephone speech,” Journal of the Acoustical

Society of America, vol. 132, no. 2, pp. 848–861, August 2012.

V Hannu Pulakka, Laura Laaksonen, Ville Myllylä, Santeri Yrttiaho,

and Paavo Alku, “Conversational evaluation of speech bandwidth

extension using a mobile handset,” IEEE Signal Processing Letters,

vol. 19, no. 4, pp. 203–206, April 2012.

13



List of publications

14



Author’s contribution

Publication I: “Evaluation of an artificial speech bandwidth
extension method in three languages”

The author participated in the planning of the listening evaluations,

conducted the listening tests, and analyzed the results. The author also

performed the objective analyses in collaboration with the co-authors

and primarily wrote the article except for the algorithm description in

section II.

Publication II: “Bandwidth extension of telephone speech using a
neural network and a filter bank implementation for highband mel
spectrum”

The author developed the algorithm as a result of a process that involved

ideas from the co-author, the author, and the literature on bandwidth

extension as well as a series of experiments carried out by the author. The

subjective evaluations were designed in collaboration with the co-author

and conducted by the author. The results were analyzed by the author,

who was also mainly responsible for writing the article.

Publication III: “Bandwidth extension of telephone speech to low
frequencies using sinusoidal synthesis and a Gaussian mixture
model”

The author was mainly responsible for developing the method except for

the GMM estimation block, which was provided by the co-authors. The

author also carried out the subjective and objective evaluations except

15



Author’s contribution

for the analyses of the GMM prediction part of the algorithm and the

statistical analysis of the subjective test results. Finally, most of the

article was mainly written by the author except for the GMM parts

(section II-C, parts of section III-A, and parts of section IV) and the

analysis of the subjective test results (section III-F2).

Publication IV: “Conversational quality evaluation of artificial
bandwidth extension of telephone speech”

The author participated in the designing of the conversational evalu-

ation procedures. The author planned and implemented the real-time

simulation of the telephone connection except for the implementation of

the ABE1 method. The author also arranged the conversational tests

and collected the subjects’ responses for statistical analysis, which was

performed by one of the co-authors. Sections II B, IV C, and V as well

as many parts of section III of the article were primarily written by the

author.

Publication V: “Conversational evaluation of speech bandwidth
extension using a mobile handset”

The author designed the evaluation setting together with the co-authors.

The author planned and implemented the real-time simulation of tele-

phone connection types except for the implementation of the ABE1

method. The author organized the conversational tests and collected the

results for statistical analysis, which was performed by a co-author. The

article was mainly written by the author with the exception of sections

II-B and III.

16



List of abbreviations

1G 1st generation

2G 2nd generation

3G 3rd generation

3GPP 3rd Generation Partnership Project

3GPP2 3rd Generation Partnership Project 2

4G 4th generation

ABE artificial bandwidth extension

ABWE artificial bandwidth extension

ACELP algebraic code-excited linear prediction

ACR absolute category rating

AM-FM amplitude and frequency modulation (model)

AMR adaptive multi-rate (codec)

AMR-WB adaptive multi-rate wideband (codec)

ANOVA analysis of variance

ASR automatic speech recognition

BWE bandwidth extension

CCITT International Telegraph and Telephone Consultative Com-

mittee

CCR comparison category rating

CDMA code division multiple access

CELP code-excited linear prediction

CI confidence interval

CMOS comparison mean opinion score

CS-ACELP conjugate-structure algebraic code-excited linear prediction

DCR degradation category rating

EFR enhanced full rate (codec)

ERB equivalent rectangular bandwidth

ETSI European Telecommunications Standards Institute

17



List of abbreviations

FB-ABE filter bank-based artificial bandwidth extension

FFT fast Fourier transform

GMM Gaussian mixture model

GSM Global System for Mobile communications

HMM hidden Markov model

HPF highpass filter

HSD honestly significant difference (statistical test)

ICR improvement category rating

IEEE Institute of Electrical and Electronics Engineers

IMT-2000 International mobile telecommunications-2000

IRS intermediate reference system

ISDN integrated services digital network

ITU International Telecommunication Union

ITU-T Telecommunication Standardization Sector of the Interna-

tional Telecommunication Union

kbps kilobits per second

LB-ABE lowband artificial bandwidth extension

LDA linear discriminant analysis

LFCC linear-frequency cepstral coefficients

LPC linear predictive coding

LPCC linear prediction cepstral coefficients

LPF lowpass filter

LSD logarithmic spectral distortion

LSF line-spectral frequency

MDCT modified discrete cosine transform

MFCC mel-frequency cepstral coefficients

MIRS modified intermediate reference system

MLP multi-layer perceptron

MMSE minimum mean square error

MNRU modulated noise reference unit

MOS mean opinion score

MRT modified rhyme test

MSIN mobile station input (filter)

MUSHRA multiple stimuli with hidden reference and anchor (subjec-

tive test)

NB narrowband

NEAT neuroevolution of augmenting topologies

PCA principal component analysis

18



List of abbreviations

PCM pulse code modulation

PESQ perceptual evaluation of speech quality

PSTN public switched telephone network

Ref-ABE reference artificial bandwidth extension (method)

RMS root-mean-square

RPE-LTP regular pulse excitation with long-term prediction (codec)

SKL symmetric Kullback-Leibler (distance measure)

SNR signal-to-noise ratio

SRT speech reception test

SUS semantically unpredictable sentences (intelligibility test)

SWB super-wideband

VMR-WB variable-rate multimode wideband (codec)

WB wideband

19



List of abbreviations

20



List of symbols

A(ejω) Fourier transform of an LPC inverse filter

dLSD logarithmic spectral distortion [dB]

E energy of a speech signal in a frame

f0 fundamental frequency of speech [Hz]

g gain of the spectral envelope of a speech segment

m pitch on the mel scale [mel]

P (z) z transform of the speech pressure waveform

R(z) transfer function of the lip radiation effect

S(i) discrete spectrum of a speech segment

snb(k) narrowband speech signal

T (z) transfer function of the vocal tract

U(z) z transform of the speech excitation

xgi gradient index feature

xsc spectral centroid feature

xsf spectral flatness feature [dB]

21



List of symbols

22



List of figures

2.1 Human speech production mechanism . . . . . . . . . . . . . 29

2.2 Spectrogram of an utterance spontaneously spoken by a

Finnish male talker . . . . . . . . . . . . . . . . . . . . . . . . 31

2.3 Short-term spectra of a sibilant sound and a vowel sound . . 32

2.4 Source-filter model of speech production . . . . . . . . . . . . 33

2.5 Approximate range of hearing in terms of frequency and

sound pressure level . . . . . . . . . . . . . . . . . . . . . . . 34

2.6 Mel scale and mel filter bank . . . . . . . . . . . . . . . . . . 35

3.1 Attenuation distortion constraints defined for PCM channels 39

3.2 Modified IRS send and receive characteristics representing

the responses of telephone handsets . . . . . . . . . . . . . . 40

3.3 Constraints on the sending sensitivity of a 3G narrowband

handset . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 41

3.4 Frequency ranges of narrowband (300–3400 Hz) and wide-

band (50–7000 Hz) speech illustrated with a spectrogram . . 44

4.1 Frequency bands in the bandwidth extension of telephone

speech . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 52

4.2 Spectral folding illustrated in the frequency domain . . . . . 56

4.3 Illustration of the values of two features . . . . . . . . . . . . 64

4.4 Filter bank for shaping the highband spectral envelope in

ITU-T G.729.1 . . . . . . . . . . . . . . . . . . . . . . . . . . . 66

5.1 The effect of audio bandwidth on the quality and intelligi-

bility of speech . . . . . . . . . . . . . . . . . . . . . . . . . . . 83

6.1 Graphical user interface of a CCR test . . . . . . . . . . . . . 88

6.2 Schematic illustration of test facilities for conversational

evaluation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 91

23



List of figures

7.1 Preference order of the evaluated processing types in three

languages . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 102

7.2 Spectrograms of a speech segment processed with the eval-

uated methods FB-ABE and Ref-ABE and a spectrogram of

the original wideband speech segment . . . . . . . . . . . . . 103

7.3 Effect of low-frequency bandwidth extension on the spec-

trum of a voiced speech segment . . . . . . . . . . . . . . . . 104

7.4 Schematic illustration of the conversational test facilities . . 106

7.5 A/B switch for switching between two connection types

during conversation, and the mobile handset with a wired

microphone and loudspeaker . . . . . . . . . . . . . . . . . . . 107

24



1. Introduction

All telephone users are familiar with the muffled sound of telephone

speech. This characteristic is mainly caused by the narrow audio band-

width transmitted by most telephone systems. Due to historical and

economic reasons, the audio frequency range of telephone speech is

typically limited to approximately the traditional telephone band of

300–3400 Hz, and speech limited to this frequency range is commonly

referred to as narrowband speech. The lack of low frequencies results

in a thin voice and degrades the naturalness and presence, whereas

the absence of high frequencies deteriorates especially fricative sounds

such as [s] and [f] and causes the characteristic muffled speech quality.

The frequency limitation reduces the perceived quality of speech and

affects understanding of the talker at the other end of the connection.

Furthermore, some of the speaker-specific characteristics of speech are

lost.

The technology and standardized methods exist for the transmission of

speech of a wider bandwidth. Wideband speech typically refers to the

acoustic bandwidth of 50–7000 Hz, which gives a substantially better

speech quality with brighter and fuller sound compared to narrowband

speech. Until recently, the deployment of wideband speech transmission

has been slow, and wideband speech has been mainly used in specific

applications such as video conferencing and internet telephony. Wideband

calls in a telephone network require support for wideband speech from

all parts of the transmission chain including the transmission network

and the terminal devices at both ends. This requires investments from

network operators, and end users also need to update their devices to

recent models that support wideband speech. Currently, an increas-

ing number of mobile network operators provide their customers with

wideband speech services, but there will probably be a long transition
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period from narrowband to wideband telephony during which narrowband

and wideband speech will coexist. During the transition, the users

of terminals supporting wideband speech will experience a noticeable

quality difference between narrowband and wideband calls. Furthermore,

switching between narrowband and wideband transmission may occur

during a call due to changes in available network resources.

Bandwidth extension (BWE) methods have been developed to improve

the quality and intelligibility of narrowband speech. Such methods extend

the audio bandwidth of narrowband speech to resemble that of wideband

speech using digital signal processing techniques. If the missing spectral

content is estimated from only the narrowband speech signal, the process

is known as artificial bandwidth extension (ABE, also ABWE). In this

case, the extension can be performed in the terminal device at the re-

ceiving end and no modifications are required to the existing narrowband

speech transmission system. Alternatively, additional information about

the missing frequency regions can be transmitted as side information

to support the bandwidth extension. In general, this provides better

output quality than completely artificial bandwidth extension, but the

transmission of side information requires special arrangements that may

be difficult to implement in practice. This thesis concentrates solely on

ABE, i.e., bandwidth extension without side information.

Until now, ABE has mainly been used as a speech enhancement method

to improve the quality of narrowband speech. During the transition

from narrowband to wideband telephony, ABE is likely to get a more

important role in reducing the perceived difference between narrowband

and wideband speech and in bridging the potentially annoying quality gap

between them.

The topic of this thesis is the development and evaluation of the artificial

bandwidth extension of telephone speech. The research area combines

techniques from diverse fields including acoustics, phonetics, pattern

recognition, machine learning, signal processing, and statistics. The

development process of such speech processing methods involves different

elements: studying the perception of different characteristics of speech

sounds, realization of machine learning techniques to model the most

essential characteristics, development of signal processing algorithms

that generate desired effects, and evaluation of the methods with both

computational measures and, most importantly, subjective tests. All these
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elements are intertwined and often occur in cycles that lead to successive

improvements.

Artificial bandwidth extension has been studied in the research group

headed by professor Paavo Alku at the Helsinki University of Technology

and its successor Aalto University for several years in collaboration

with Nokia. This research has mainly taken a practical viewpoint:

The feasibility of real-time implementation has been an important goal

in the design of the algorithms, and the developed techniques have

been primarily evaluated with signals that simulate realistic telephone

connections. Three Master’s theses (Mahkonen, 1999; Kallio, 2002;

Kontio, 2004) had been written on the subject in the research group before

the author of this thesis started working on ABE. The results of ABE

research have been published in a number of scientific articles, starting

with the description and evaluation of an ABE method by Laaksonen et al.

(2005). This method and its later versions have also been implemented

in several mobile phone models of Nokia since then. The development,

evaluation, and implementation process leading to the utilization in

commercial products is described by Laaksonen et al. (2009).

This thesis collects the primary contribution of the current author to

the bandwidth extension of telephone speech including a multi-language

evaluation of ABE, new methods for bandwidth extension to both the

low and high frequency ends, and listening tests and conversational tests

evaluating the presented bandwidth extension methods.
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2. Speech and hearing

This section gives a brief overview of the human speech production

mechanism and describes different categories of speech sounds. Spectral

properties of speech are discussed, and the source-filter model of the

speech production mechanism is presented. The basic characteristics of

human hearing including the audible frequency range, pitch perception,

and frequency resolution are also described.

2.1 Speech production mechanism

The human speech production apparatus is illustrated in figure 2.1. The

lungs provide a stream of air that flows between the vocal folds to the oral

cavity and the nasal cavity and exits through the nose and the mouth.

The opening between the vocal folds is called the glottis and the cavities

above the glottis constitute the vocal tract.

vocal folds

oral cavity

nasal cavity

tongue

Figure 2.1. Schematic illustration of the human speech production mechanism.

When voiced sounds are produced, the vocal folds vibrate and generate

a pulsating air flow. The rate of vocal fold vibration determines the

fundamental frequency (f0) of speech. Different unvoiced speech sounds

are produced by forming a constriction at a specific location in the vocal
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tract. Distinct characteristics of different speech sounds are produced by

adjusting the shape of the vocal tract. This is done by moving the tongue

and the lips as well as by raising and lowering the soft palate, which

controls the passage of air to the nasal cavity. Varying the vocal tract

shape changes the resonances of the vocal tract, called the formants, and

consequently alters the spectrum of the sound.

Speech sounds can be categorized in various ways. A basic classification

divides speech sounds into two groups: vowels and consonants. Vowels

are voiced sounds produced with an unrestricted air flow in the vocal

tract, whereas consonants can be voiced or unvoiced and have a complete

or partial closure at some point of the vocal tract (O’Shaughnessy,

1987, chapter 3). Consonants can be further categorized by voicing,

place of articulation, and manner of articulation (Ashby and Maidment,

2005). The following major classes describe the manner of articulation of

consonants:

• Plosives (e.g., [k], [p], [t]) are produced by blocking the air flow and then

suddenly releasing the pressure.

• Nasals (e.g., [m], [n]) are produced by opening the passage to the nasal

cavity and blocking the oral cavity.

• Fricatives (e.g., [s], [f]) are produced by forming a constriction in the

vocal tract to generate turbulent air flow that serves as a noise source.

• Approximants, which include median approximants (e.g. [V]) and lateral

approximants (e.g., [l]), are also characterized by a narrowing in the

vocal tract. Unlike in fricatives, the constriction is not narrow enough

to cause turbulence.

• Taps and flaps are closures of the vocal tract having a very short

duration, and trills (e.g., [r] in Finnish) are series of rapid closures.

2.2 Speech spectrum

Different speech sounds have distinctive temporal and spectral charac-

teristics. Examples of acoustic properties that are perceptually relevant
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in distinguishing one speech sound from another include the rapidity of

spectral change, the abruptness of amplitude change, the presence or

absence of voicing and aspiration, and the gross spectral shape related

to the place of articulation (Stevens, 1980). In the context of this thesis,

the following spectral properties are important: Voiced sounds have a

harmonic spectrum with peaks at integer multiples of the fundamental

frequency. Different vowels are distinguished by a distinctive formant

structure, i.e., peaks in the spectral envelope. Plosive sounds usually

consist of a short pause followed by a noise burst, and fricatives are

characterized by a large amount of energy at high frequencies and

distinctive spectral peaks.

The time-varying characteristics of a speech signal can be visualized

with a spectrogram, in which the darkness of each area represents the

amount of energy at that point of time and frequency. Figure 2.2 shows

the spectrogram of a spontaneously spoken utterance in Finnish. The

fundamental frequency and its harmonics can be seen as dense horizontal

lines in voiced speech. Formants appear as dark bands whose position

on the frequency axis varies during the utterance. As suggested by the

spectrogram, the energy of vowels predominantly resides below about

4 kHz, whereas the spectral content of fricatives extends to 10 kHz and

beyond.
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Figure 2.2. Spectrogram of the Finnish utterance “sisältyykö se hintaan vai” (is it
included in the price or) spontaneously spoken by a Finnish male talker.
Darkness at each point represents the amount of energy at the corresponding
time and frequency. Short-term spectra at the two time instances indicated
in the spectrogram are shown in figure 2.3.

The instantaneous spectra of the fricative [s] and the vowel [A] indicated

in figure 2.2 are shown separately in figure 2.3. The sibilant [s] has a

nonperiodic spectrum with large magnitude above about 3 kHz, whereas
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the vowel [A] is characterized by a harmonic spectrum with a descending

overall envelope and strong peaks at the formant frequencies.
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Figure 2.3. Short-term spectra of a sibilant sound [s] (left) and a vowel sound [A] (right)
from the utterance illustrated in figure 2.2. The spectra have been calculated
using a 40-ms Hann window centered at the time instances also shown in
figure 2.2.

2.3 Source-filter model

The speech production mechanism can be approximated with a linear

source-filter model. The z transform of the radiated speech pressure

waveform, P (z), is given by

P (z) = U(z)T (z)R(z), (2.1)

where U(z) is the z transform of the excitation, T (z) corresponds to

the transfer function of the vocal tract filter, and R(z) represents the

radiation characteristics at the mouth (Fant, 1970, section 1.3; Kent

and Read, 1992, chapter 2). For vowels, the excitation is the glottal

volume velocity waveform produced by the vibrating vocal folds and has

a spectrum that descends with frequency. The vocal tract filter T (z)

represents the filtering characteristics of the vocal tract, especially the

formant structure. For ideal vowel spectra, the effect of T (z) can be

modeled as an all-pole filter (Fant, 1970, section 1.3) for speech signal

processing purposes. The lip radiation R(z) causes a highpass filtering

effect.

For fricatives, the excitation is generated by a constriction within the

vocal tract, and for nasal speech sounds, the nasal tract provides a parallel

resonator. In these cases, an all-pole filter is an inaccurate approximation

and a pole-zero filter is needed for proper modeling of the filtering effect

(Fant, 1970, section 1.3; Kent and Read, 1992, chapter 2).
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In practice, a simplified source-filter model is often utilized in speech

processing applications. Since the model is linear, the terms U(z) and

R(z) can be combined into a single source term that includes the effect

of radiation. Furthermore, commonly used signal modeling techniques,

such as the linear predictive coding (LPC), generate an all-pole model

and thus ignore the zeros of the transfer function of the vocal tract.

This simplification reduces the complexity of processing. It has only

a minor effect on speech quality and does not cause major difficulties

in most applications (O’Shaughnessy, 1987, sections 6.5.12 and 8.1).

Finally, the excitation signal is often considered spectrally flat ignoring

the spectral tilt of the physical voice source signal and the radiation effect.

Consequently, the filter part of the model is typically an all-pole filter

that represents the entire spectral envelope of the signal, whereas the

excitation signal has a flat overall spectrum and contains the spectral

fine structure. Sophisticated excitation estimation techniques may also

be able to compensate for the modeling inaccuracies of the all-pole filter in

applications where both the envelope filter and the original speech signal

are available for the estimation of the excitation.

The source-filter approach is commonly used in, e.g., speech coding (Vary

and Martin, 2006, section 8.1) and speech synthesis (Sproat and Olive,

1995; Zen et al., 2009) applications. Figure 2.4 illustrates the use of the

source-filter model for generating the spectrum of a vowel sound.
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Figure 2.4. Source-filter model of speech production. The spectrally flat source signal is
shaped with a filter that models the combined spectral envelope of the glottal
excitation, the resonances of the vocal tract, and the lip radiation effect. The
spectrum of a vowel sound at each step is shown as an example.

2.4 Characteristics of hearing

Humans can hear sounds in the frequency range of about 20 Hz–20 kHz

(Karjalainen, 1999, section 5.7.1; Rossing et al., 2002, section 5.1). The

hearing of especially high frequencies deteriorates with age, and adults

may have difficulty hearing frequencies above 10–14 kHz (Rossing et al.,
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Figure 2.5. Approximate range of hearing in terms of frequency and sound pressure
level. The most important areas for music and speech are also approximately
indicated. Adapted from O’Shaughnessy (1987, figure 4.9), Zwicker and Fastl
(1990, figure 2.1), and Rossing et al. (2002, figure 5.1).

2002, section 31.2). The hearing sensitivity varies with frequency and

is highest in the range 1–5 kHz (O’Shaughnessy, 1987, section 4.3).

Figure 2.5 illustrates the range of hearing in frequency and in sound

pressure level. The ranges primarily used for music and speech are also

shown.

Increasing the frequency of sound raises the perceived pitch, but the

dependency is nonlinear. Psychoacoustic experiments have shown that

pitch perception varies with frequency approximately as

m = 2595 log10 (1 + f/700) , (2.2)

where f is the frequency in Hz and m is the pitch in mel (O’Shaughnessy,

1987, section 4.3). This relationship is illustrated in figure 2.6 (a). The

mel scale is the basis for the mel spectrum that is calculated by dividing

the spectrum into sub-bands of uniform width on the mel scale and

computing the amount of energy within each of these sub-bands. The

calculation typically utilizes triangular, overlapping filter windows in the

frequency domain as shown in figure 2.6 (b). Spectrum representations

based on the perceptually motivated mel scale are commonly used in, e.g.,

automatic speech recognition (ASR) applications (O’Shaughnessy, 2008).

The frequency resolution of hearing is also quantified by the bark scale,

which is based on the concept of critical bands. A critical band is a range

of frequencies that is analyzed as a unit by the human ear. The width of a

critical band, 1 Bark, increases with frequency and is approximately 100

mel (Karjalainen, 1999, section 6.3.2; Rossing et al., 2002, section 7.1).

Another scale representing the frequency selectivity of the ear is the
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Figure 2.6. (a) Mel scale (O’Shaughnessy, 1987, section 4.3; Karjalainen, 1999, section
6.3.1) and (b) mel filter bank (Picone, 1993).

equivalent rectangular bandwidth (ERB) scale, which corresponds closely

to the critical bandwidth but is measured with a different method (Moore

and Glasberg, 1996; Karjalainen, 1999, section 6.3.3).

2.5 Summary

To introduce the fundamentals of speech communication underlying the

topic of this thesis, an overview of the basic characteristics of speech

and hearing were given in this section. The division of speech sounds

into vowels and consonants was presented as well as the classification

of consonants according to the manner of articulation. Spectral char-

acteristics of speech, such as the formants and the harmonic spectrum

of voiced sounds, were described on a general level. The source-filter

model, which is commonly used in speech processing applications to model

the speech production mechanism, was also introduced. Finally, some

basic properties of human hearing were discussed, including the audible

frequency range, pitch perception, and frequency resolution.
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3. Speech transmission systems

This section describes the technical evolution of speech transmission

techniques from early analog connections to digital coding and mobile

telephony. In particular, the widening of the transmitted speech band-

width from the very narrow audio band of the early days of telephony to

the conventional telephone band (300–3400 Hz) and further to the more

recent wideband speech bandwidth (50–7000 Hz) is discussed. Speech

codecs for both narrowband and wideband speech transmission are also

presented. The description of the speech bandwidth transmitted in

various telephone systems serves as a motivation for the topic of this

thesis, the bandwidth extension of narrowband speech.

3.1 Early analog telephone systems

In the early days of telephony, the acoustic bandwidth of transmitted

speech was determined by the limitations of the technology of that time.

As technical improvements were achieved, the audio band was widened.

In 1930, the objective set by the Bell System for the transmitted frequency

range in telephone message circuits covered frequencies from 250 Hz to

2750 Hz, the limits being defined as frequencies of 10-dB attenuation

relative to 1000 Hz (Martin, 1930). The requirements were based on

economic reasons and the desired grade of transmission service. The

selected bandwidth objective was justified by tests examining the effect

of varying the upper and lower cut-off frequencies on articulation, i.e., the

identification of speech units by listeners.

Affel (1937) described so-called broad-band systems that were developed

by the Bell System. In the frequency-multiplexing carrier systems,

channels were chosen to be spaced at intervals of 4000 Hz, which set an

upper limit on the speech bandwidth. The band transmitted through a
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single link extended from 150 to 3600 Hz, while the bandwidth of five

links connected in tandem ranged from 200 to 3300 Hz. The raised upper

cut-off was expected to yield a measurable increase in articulation and

some improvement in naturalness. The extension of the band to lower

frequencies was mentioned to not contribute appreciably to articulation

but to increase naturalness.

According to Bell Telephone Laboratories (1971, p. 39), the band limita-

tion of telephone speech to the range 200–3300 Hz provides the optimum

trade-off between economics and quality of transmission. The major

constraints on the limiting frequencies are mentioned to be the 4-kHz

channel spacing in carrier facilities, the state of the art in filter design,

and cost (Bell Telephone Laboratories, 1971, p. 55).

However, the telephone band was specified to cover frequencies from

300 Hz to 3400 Hz, defined as a maximum attenuation of 10 dB relative

to the level at 800 Hz, in the Red Book published in 1961 by the

International Telegraph and Telephone Consultative Committee (CCITT)

(Vary and Martin, 2006, section 10.1), which was the predecessor of the

Telecommunication Standardization Sector of the International Telecom-

munication Union (ITU-T). As explained in ITU-T G.120 (1998), subjec-

tive tests have shown that reducing the lower cut-off frequency from

300 Hz to 200 Hz would have improved the speech quality. Studies

reported by Gleiss (1997) and Voran (1997) also indicate that shifting

a 3.1-kHz band downwards, e.g., by 100 Hz would improve the speech

quality and naturalness. But this would have had several disadvantages

including increased cost and susceptibility to interference, additional

loading of carrier systems, and incompatibility with out-of-band signaling

systems (ITU-T G.120, 1998). Thus, what is known as the conventional

telephone band was fixed to 300–3400 Hz. The most important fre-

quencies for speech intelligibility are contained in this range and noise

originating from various sources is limited (Hioki, 1998, section 11.6.1).

However, a substantial part of the spectral content of speech is outside

the telephone band.

3.2 From analog to digital transmission

Prior to 1960, telephone networks were predominantly analog and typi-

cally utilized frequency division multiplexing with the separation between

voice channels being 4 kHz, which dictated an upper limit on the audio
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bandwidth. The telephone voice channel ranging from 300 Hz to 3400 Hz

was used as a building block of a hierarchy of multiplexed channel groups

(Hioki, 1998, section 12.4.2.1). The era of digital transmission of speech

in telephone networks started in the 1960s with the introduction of

pulse-code modulation (PCM) and time-division multiplexing in telephone

networks (Chapuis and Joel, 1990, chapter VIII-1; Andrews, 2011). The

minimum audio bandwidth of 300–3400 Hz was also adopted in PCM

systems. In 1972, PCM was standardized by the CCITT in two variants in

agreement with the technology already in operation at that time (Chapuis

and Joel, 1990, chapter VIII-1). The attenuation constraints of PCM

channels defined in ITU-T G.712 (2001) are illustrated in figure 3.1.
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Figure 3.1. Attenuation distortion constraints defined for PCM channels (4-wire analog
ports) in ITU-T G.712 (2001). The reference value is 0 dB at 1020 Hz.

3.3 Intermediate reference system

The send and receive characteristics of a number of analog telephones

were measured in the early 1970s for the specification of the intermediate

reference system (IRS) (ITU-T P.48, 1988) for loudness rating purposes.

The IRS represents the average send and receive frequency responses

of telephones, but it also contains the effect of a 300–3400-Hz bandpass

filter as described in ITU-T P.830 (1996). Later, to provide a more

representative reference of connections over digital facilities, the modified

IRS (MIRS) was defined (ITU-T P.830, 1996, Annex D) by removing the

effect of the bandpass filter. Figure 3.2 shows the nominal send and

receive sensitivities of the modified IRS. A substantial tilt in the send

sensitivity is apparent between 500 Hz and 3000 Hz, and frequencies

below about 300 Hz and above about 3500 Hz are strongly attenuated.
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Figure 3.2. Modified IRS send and receive characteristics representing the responses of
the sending and receiving parts of telephone handsets, respectively (ITU-T
P.830, 1996). A tolerance of±2.5 dB has been defined for frequencies between
200 Hz and 3400 Hz.

3.4 Mobile telephony

The transition from initial analog systems to digital speech transmission

techniques has also occurred in mobile speech communication systems.

The first-generation (1G) cellular networks for mobile telephones were

implemented in the early 1980s. These 1G networks were analog, and sev-

eral incompatible types of analog 1G services were introduced around the

world (Dodd, 2005, chapter 8). Second-generation (2G) cellular services,

introduced in the 1990s, were based on digital technologies. The Global

System for Mobile communications (GSM) was a 2G system standardized

for Europe and adopted also in a large number of countries outside

Europe, which made it the dominant 2G standard worldwide (Dodd,

2005, chapter 8). The third generation (3G) refers to more recent mobile

telecommunication standards fulfilling ITU’s specifications known as

International Mobile Telecommunications-2000 (IMT-2000) (Dave Wisely

and Burness, 2002, section 2.3). 3G technologies were first deployed in

the early 2000s. Recently, advancements in technologies following or

augmenting the 3G have been somewhat vaguely referred to as the fourth

generation (4G).

The traditional telephone band approximately from 300 to 3400 Hz was

adopted for speech transmission also in the cellular telephone systems,

but wideband speech transmission techniques are currently becoming

available to users. The audio bandwidth of speech transmission is

determined not directly by the generation of the cellular system but

depends on the speech coding technique used for speech transmission

and the terminal characteristics. For example, while voice calls in 2G

networks have mainly used narrowband codecs, wideband speech coding
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with the AMR-WB codec can also be employed in the second-generation

GSM system (Ojala et al., 2006). Also, both narrowband and wideband

telephony are possible in 3G networks (3GPP TS 26.131, 2011).

Technical specifications for 3G systems are produced by the 3rd Gen-

eration Partnership Project (3GPP)1, which unites several telecommuni-

cations standards bodies. Currently, 3GPP also maintains the technical

specifications of the GSM system and technologies beyond 3G. A parallel

partnership called 3rd Generation Partnership Project 2 (3GPP2)2 is

another collaborative body for setting specifications. While 3GPP is

a standard body behind GSM and its successors, 3GPP2 is the corre-

sponding standard body behind competitive techniques based on CDMA

networks mainly used in the United States and some Asian countries.

Today’s mobile phones are characterized by the radio-based connection

to the cellular network, digital speech coding, small size and weight, and

operation with battery power. A number of recommendations and stan-

dards dictate the design and functionality of mobile terminal devices as

well as networks. Of special interest in this thesis is the acoustic response

of the terminal device as a function of frequency both at the transmitting

and the receiving end. Constraints for such acoustic characteristics are

also specified in standards. As an example, the limits on the sending-side

sensitivity of a 3G narrowband handset is defined in (3GPP TS 26.131,

2011) and illustrated in figure 3.3. In particular, the minimum bandwidth

is specified to cover the range 300–3400 Hz. Low frequencies are required

to be attenuated by at least 12 dB at 100 Hz in order to reduce disturbing

low-frequency noise (Vary and Martin, 2006, section 10.1).
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Figure 3.3. Constraints on the sending sensitivity of a 3G narrowband handset (3GPP
TS 26.131, 2011).

1http://www.3gpp.org/
2http://www.3gpp2.org/
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3.5 Speech codecs

Digital transmission of speech utilizes an encoder that converts the

speech signal to an exactly defined digital representation at the trans-

mitting end and a decoder that reconstructs the signal from this repre-

sentation at the receiving end. The combination of a coder and a decoder

is referred to as a codec. Speech codecs compress data: they reduce the bit

rate for transmission but maintain the speech quality as high as possible.

Additional requirements for speech codecs include low delay, moderately

low computational complexity, and reasonable performance with different

kinds of signals including noisy speech and even music. The demand for a

low bit rate and low computational complexity are especially important in

mobile communications because radio network resources are limited and

power consumption affects the battery life of mobile devices.

Early speech coding techniques were based on maintaining the wave-

form of the audio signal. More recent speech coders achieve much higher

compression rates by exploiting the characteristics of both the speech

signal and human hearing. The speech signal representation is typically

based on the source-filter model: the bitstream contains a representation

of an excitation signal and a model of the vocal tract filter characteristics.

A recent trend in speech coding are embedded codecs that can operate at

multiple bit rates and have a bitstream structured into layers. The basic

functionality is provided by a low-bit-rate core layer that is often compati-

ble with some earlier codec. Further bitstream layers improve the quality

and may also provide a wider audio bandwidth. The additional layers

can be discarded to reduce the bit rate, which enables easy adaptation to

varying channel capacity and to different networks and terminals. This

technique enables interoperability with an earlier codec and provides the

best possible quality of service in all conditions. Embedded variable bit

rate codecs are often referred to as scalable codecs (Cox et al., 2009).

The following list presents some of the most important narrowband

speech codecs.

PCM: PCM coding represents the signal waveform using a nonuniform

quantization scale for the sample amplitudes. The bit rate is

64 kilobits per second (kbps) (ITU-T G.711, 1988). PCM coding

is commonly used for speech transmission in the public switched

telephone network (PSTN) (Hioki, 1998, section 5.2) and in the
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mobile core network (Birkehammar et al., 2006; Global mobile

Suppliers Association (GSA), 2012).

RPE-LTP: The first codec used in the GSM was the regular pulse excita-

tion with long-term prediction (RPE-LTP) codec, which operates at a

bit rate of 13 kbps (ETSI GSM 06.10, 1992). A short-term LPC model

is used for the spectral envelope modeling, a long-term prediction

model represents the pitch periodicity, and the remaining residual

signal is compressed using a reduced sampling rate.

EFR: The enhanced full rate (EFR) codec was selected for the GSM

system in 1995 and it provided a significant improvement in speech

quality (Järvinen et al., 1997). It utilizes a technique called alge-

braic code-excited linear prediction (ACELP). The spectral envelope

is modeled with a linear predictive all-pole filter and the excitation

signal for the filter is constructed as the sum of two excitation

vectors, one selected from a fixed codebook and the other constructed

adaptively from the preceding excitation signal. The excitation

sequence is chosen using an analysis-by-synthesis search procedure.

AMR: The adaptive multi-rate (AMR) codec (3GPP TS 26.071, 2011;

3GPP TS 26.090, 2011) was standardized by the European Telecom-

munications Standards Institute (ETSI) in 1999 (Järvinen, 2000). It

is based on the ACELP technique and is characterized by the ability

to use eight bit rates ranging from 4.75 kbps up to 12.2 kbps. This

enables adaptive allocation of bitstream resources between speech

coding and channel coding for optimal speech quality. The highest

bit rate is equivalent to the EFR codec.

G.729: The ITU-T G.729 (2007) codec, finalized in 1995 (Schröder and

Sherif, 1997), is based on the conjugate-structure ACELP (CS-

ACELP) and operates at the bit rate of 8 kbps.

G.729.1: The ITU-T G.729.1 (2006) codec, standardized in 2006, is a

scalable speech and audio codec with 12 bit rates between 8 kHz

and 32 kHz. The bitstream comprises embedded layers and the

core layer is interoperable with ITU-T G.729 (Ragot et al., 2007).

The codec offers simultaneous scalability in bit rate and audio

bandwidth: bit rates up to 12 kHz are narrowband and from 14 kHz

to 32 kHz wideband, and successive bitstream layers enhance the

quality (Varga et al., 2009).
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3.6 Wideband telephony

Improved speech quality and intelligibility can be obtained by employing

a considerably wider audio bandwidth than the traditional telephone

band. Coding methods have been specified for wideband speech, which

commonly refers to the nominal 3-dB bandwidth of 50–7000 Hz. Fig-

ure 3.4 shows the frequency ranges of narrowband and wideband speech

with a spectrogram of a speech signal. The wideband range contains both

the low-frequency harmonics and much of the high-frequency content of

fricative and plosive sounds that are outside the narrowband frequency

range.
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Figure 3.4. Frequency ranges of narrowband (300–3400 Hz) and wideband (50–7000 Hz)
speech illustrated with the spectrogram of the sentence shown in figure 2.2.

The first wideband speech codec, ITU-T G.722 (1988), was standard-

ized in 1986 by the CCITT for ISDN and teleconferencing applications

(Mermelstein, 1988; Jax and Vary, 2006). G.722 operates at bit rates

from 48 kbps to 64 kbps and transmits the audio frequency range of

50–7000 Hz. An almost comparable speech quality is provided by the

G.722.1 codec, which operates at bit rates of 24 kbps and 32 kbps and was

standardized in ITU-T G.722.1 (2005) in 1999 (Jax and Vary, 2006).

Wideband coding with much lower bit rates was introduced by the adap-

tive multi-rate wideband (AMR-WB) codec (3GPP TS 26.171, 2011; 3GPP

TS 26.190, 2011) standardized by 3GPP for cellular telephone systems

in 2001 (Bessette et al., 2002; Ojala et al., 2006). The AMR-WB codec

is based on the ACELP technique, it supports nine bit-rate modes from

6.6 kbps to 23.85 kbps, and its nominal audio bandwidth is 50–7000 Hz.

The same codec was also adopted by ITU-T as the recommendation ITU-
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T G.722.2 (2003) in 2002 for a wide range of applications including ISDN

wideband telephony, teleconferencing, and internet applications (Bessette

et al., 2002).

Another wideband speech codec, the variable-rate multimode wide-

band (VMR-WB) codec, was standardized by 3GPP2 for wideband speech

services in 2004 (Ojala et al., 2006). VMR-WB shares the same core

technology with AMR-WB and has an interoperable operation mode with

AMR-WB, but VMR-WB also contains several improvements (Jelínek and

Salami, 2007). Furthermore, the extended AMR-WB (AMR-WB+) audio

codec was specified by 3GPP for audio services in 2004. AMR-WB+ is

a hybrid codec that combines the ACELP technology from the AMR-WB

codec with a transform coding technique and switches between the two

techniques depending on the signal characteristics (Mäkinen et al., 2005).

Even though the AMR-WB codec was standardized, the deployment of

wideband speech in cellular networks started slowly. Wideband speech

services based on AMR-WB were first introduced in Moldova in 2009

(Orange, 2009), and a large number of operators and countries have

followed since. As of May 2012, mobile wideband speech transmission

using the AMR-WB codec is supported in 41 mobile networks in 33

countries and more than 70 wideband-enabled mobile phone models have

been launched (Global mobile Suppliers Association (GSA), 2012).

Wideband speech transmission improves the quality and intelligibility

over narrowband, but it still does not match the natural quality of

face-to-face communication or professional recordings (Cox et al., 2009).

Therefore, speech and audio codecs with an even wider bandwidth have

also been developed. For example, the codec described in ITU-T Recom-

mendation G.722.1, Annex C (ITU-T G.722.1, 2005) transmits an audio

bandwidth of 14 kHz. The bandwidth of about 50–14,000 Hz is often

referred to as super-wideband (SWB) (Cox et al., 2009). Finally, ITU-T

G.719 is an example of a fullband (20–20,000 Hz) audio codec (Taleb and

Karapetkov, 2009; Cox et al., 2009).

Scalable codecs are also useful in introducing telephony with wider

bandwidth. In particular, the ITU-T G.729.1 codec was designed to

allow a smooth transition from narrowband to high-quality wideband

telephony while maintaining compatibility with the narrowband G.729

codec, as described by Varga et al. (2009). Furthermore, Annex E of ITU-T

G.729.1 (ITU-T G.729.1, Amendment 6, 2010) describes a super-wideband

extension interoperable with ITU-T G.729 and ITU-T G.729.1.
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3.7 Simulation of the telephone connection

This thesis concentrates on the bandwidth extension of telephone speech

especially for application in mobile phones. The evaluation of the pre-

sented speech processing techniques calls for a realistic simulation of

speech signals transmitted over a telephone connection. Specifications

set by ITU and 3GPP are used extensively for the simulation of telephone

speech signals.

The input characteristics of a mobile terminal are mainly approximated

with the MSIN filter, a highpass filter with the −3-dB point at 195 Hz.

In Publication III, where the low-frequency content of wideband speech is

specifically examined, wideband input is approximated using a bandpass

filter with −3 dB cut-off frequencies at about 50 Hz and 7000 Hz, in

agreement with the wideband telephone sending characteristics specified

in ITU-T P.341 (2005). Both the MSIN and the P.341 filters are available

in the ITU-T Software Tool Library (ITU-T G.191, 2010; de Campos Neto,

1999).

Narrowband telephone connections are simulated by encoding and

decoding of speech signals with the AMR codec at the highest bit rate of

12.2 kbps. In Publications I and II, signals are encoded and decoded twice

in succession. This corresponds to the ordinary configuration in which

speech is initially encoded with AMR, converted to the PCM format for

transport in the core network, and finally converted back to AMR (3GPP

TS 23.153, 2011; Birkehammar et al., 2006; Global mobile Suppliers

Association (GSA), 2012). In this configuration, two speech codecs operate

in tandem, which degrades the speech quality. Double encoding can

be avoided by tandem-free operation or transcoding-free operation as

described in the 3GPP standards 3GPP TS 28.062 (2011); 3GPP TS 23.153

(2011). Later publications III, IV, and V apply the AMR codec only once,

thus assuming that tandem-free operation is available.

Wideband telephone connections are simulated by encoding and decod-

ing the signals with the AMR-WB codec using the bit rate of 12.65 kbps,

which is close to the bit rate used for narrowband speech simulation using

the AMR codec.

In the listening evaluations of Publications I and II, the coded speech

signals are finally filtered with a custom bandpass filter to approximate

the output characteristics of a typical wideband handset. Publication V,

on the other hand, utilized a mobile handset with a wired earpiece and
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microphone for a conversational evaluation, and an equalizer filter was

used to compensate for the frequency response of the handset earpiece.

However, the effects of the telephone network, such as lost frames and

transcoding, are ignored and no speech enhancement techniques such as

noise suppression are involved.

3.8 Summary

This section described the technical evolution of speech transmission

systems: from analog to digital speech transmission, from landline con-

nections to mobile telephony, and from narrowband to wideband speech

transmission. The primary emphasis was on the transmitted speech

bandwidth. Various speech codecs for both narrowband and wideband

speech were also presented. The most important codecs in the context of

this thesis are the narrowband AMR codec and the wideband AMR-WB

codec, which are commonly used in cellular telephone systems. Finally,

procedures used to simulate realistic telephone speech transmission in

this thesis were described: speech is highpass-filtered to model the input

characteristics of the terminal, then encoded and decoded with a speech

codec, and optionally filtered to simulate the output response of the

terminal.

Narrowband speech is still commonly used in speech transmission sys-

tems, but the support for wideband speech is spreading. The coexistence

of narrowband and wideband speech transmission justifies the interest in

ABE as a means to reduce the perceived difference between narrowband

and wideband speech.
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4. Artificial bandwidth extension

This section describes techniques proposed for the artificial bandwidth

extension of telephone speech. The section begins with the motivation for

ABE and defines the frequency bands relevant for ABE. Signal processing

techniques utilized in ABE are then presented in detail. Challenges

caused by varying signal characteristics are also described. Finally, areas

of application of ABE are discussed.

4.1 Motivation for artificial bandwidth extension

Subjective evaluations have shown that the speech bandwidth signif-

icantly affects the perceived quality of speech, and wideband speech

is consistently preferred over narrowband speech (COM 12-9-E, 1993;

Voran, 1997; Rämö and Toukomaa, 2005; Möller et al., 2009; Voran,

2000). Furthermore, the intelligibility of wideband speech is higher than

that of narrowband speech (French and Steinberg, 1947). Intelligibility

evaluations have shown that the intelligibility of whole sentences in

clean telephone speech is as high as about 99%, but the intelligibility

of meaningless syllables is only about 90% (Jax and Vary, 2003; Qian

and Kabal, 2004; Vary and Martin, 2006, section 10.1). Improving the

intelligibility makes communication more comfortable and reduces the

listening effort (Jax and Vary, 2003). Thus, increasing the acoustic

bandwidth of telephone speech is clearly beneficial for telephone users.

Telephone systems still typically transmit only the conventional nar-

rowband frequency range, but wideband speech is increasingly becom-

ing available. The transition from narrowband to wideband telephony

requires investments from both operators and end users. Wideband tele-

phone calls require the network to support wideband speech transmission,

and users need to have terminal devices designed for wideband signals
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and the 16-kHz sampling rate (Beaugeant et al., 2006). Consequently,

narrowband and wideband telephony are expected to coexist for a long

time (Jax and Vary, 2006). During the transition period, both narrowband

and wideband calls will occur depending on the capabilities of the network

and the terminal devices, and users of wideband-capable terminal devices

will experience a difference between narrowband and wideband calls.

To reduce the quality difference between narrowband and wideband

speech, techniques have been developed to extend the bandwidth and

thus to improve the quality and intelligibility of narrowband speech.

Bandwidth extension (BWE) of telephone speech attempts to reconstruct

missing frequency content outside the frequency range present in a

telephone speech signal. Artificial bandwidth extension (ABE, also

ABWE) performs this task utilizing solely the information in the input

speech signal. Techniques transmitting additional side information to

support the bandwidth extension have also been proposed.

The input of a speech bandwidth extension system is usually assumed

to be a speech signal produced by one talker at a time. Consequently, the

characteristics of the speech production mechanism and speech signals

can be exploited in the bandwidth extension task. A related field of study

is the audio bandwidth extension that considers both music and speech

signals (Larsen and Aarts, 2004). This requires a more generic algorithm

and is mostly based on the properties of the human auditory system (Jax,

2004). Speech bandwidth extension methods typically yield better output

quality than audio bandwidth extension methods for speech because a

larger amount of a priori information about the signal source is used (Jax,

2004). This thesis addresses speech bandwidth extension, whereas the

more generic audio bandwidth extension is beyond the scope of this work.

Numerous experiments have shown that the perceived quality of the

output of state-of-the-art ABE methods is higher than that of narrowband

speech on the average, as will be described in more detail in section 6. In

addition to bridging the quality gap between narrowband and wideband

calls, ABE processing is expected to be especially useful in reducing

the perceived change in speech bandwidth if a handover from wideband

to narrowband speech occurs during a call (Laaksonen et al., 2009).

In today’s heterogeneous telecommunication networks, the speech codec

used for a voice call may change during a call because of roaming

between different networks and changes in available network resources,

especially in calls between mobile participants (Möller et al., 2009; Voran,

50



Artificial bandwidth extension

2000). This may cause an instantaneous change between wideband and

narrowband speech, which emphasizes the quality difference. Subjective

tests have indicated that switching between wideband and narrowband

speech in either direction is perceived as an impairment (Möller et al.,

2009; Voran, 2000), but there is large variation in the opinions of in-

dividual listeners (Voran, 2000). An experiment reported in 3GPP TR

26.976 (2011) compared the subjective quality of two switching schemes:

transitions between wideband (AMR-WB) and narrowband (AMR) speech

and transitions between wideband and bandwidth-extended narrowband

speech. The case with bandwidth extension was mainly preferred in all

the three examined noise conditions.

4.2 Frequency bands

The purpose of ABE is to reconstruct an approximation of wideband

speech from narrowband telephone speech. Digital narrowband speech

is sampled at the rate of 8 kHz and therefore has a strict upper bound in

the bandwidth at 4 kHz. Typically, narrowband telephone speech is band-

limited approximately to the traditional telephone band (0.3–3.4 kHz)

specified for PCM channels in ITU-T G.712 (2001), but the exact passband

varies. Wideband speech usually refers to the audio frequency range from

50 Hz to 7 kHz using a sampling rate of 16 kHz.

The speech bandwidth can be extended to frequencies below or above

the telephone band or both. The extension band above the telephone

band typically ranges from 3.4 kHz or 4 kHz up to 7 kHz or 8 kHz and is

called the highband. The low-frequency extension band typically covers

frequencies below 300 Hz, but the frequency limit may vary.

In this work, the term highband primarily refers to the frequency

range 4–8 kHz. The publications of this thesis except for Publication III

consider only highband extension and use the word lowband to denote

the frequency band below the highband, i.e., the band 0–4 kHz containing

the narrowband input speech signal. However, in Publication III that

describes bandwidth extension to low frequencies, the term lowband

refers to frequencies below the telephone band, i.e., approximately 50–

300 Hz. Extension band denotes a frequency band where missing content

is regenerated by ABE and it can refer to frequencies either below or

above the telephone band. The frequency bands relevant for this thesis

are illustrated in figure 4.1.
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Figure 4.1. Frequency bands in the bandwidth extension of telephone speech. The
frequency axis has been drawn using the perceptually motivated mel scale.

While a number of speech and audio codecs capable of transmitting

wideband (50–7000 Hz), super-wideband (50–14,000 Hz), and even full-

band (20–20,000 Hz) signals have been developed (Cox et al., 2009), nar-

rowband speech transmission still prevails in cellular telephone networks

and the transition to wideband speech is in progress. Consequently, the

frequency ranges shown in figure 4.1 are currently the most relevant for

the bandwidth extension of telephone speech. However, bandwidth exten-

sion from wideband to super-wideband speech has also been proposed by

Geiser and Vary (2008).

4.3 Correlation between frequency bands of speech

ABE is based on the assumption of dependency between the contents of

frequency bands in speech. The dependency between the frequency bands

justifies the estimation of the missing frequency content from the band-

limited input. The assumption of dependency is reasonable because the

entire speech spectrum is generated by the same physical and acoustic

configuration of the speech production apparatus. As an example of a

signal source characteristic affecting a wide range of frequencies, the

spectral tilt of the glottal source signal (Fant, 1970, section 1.3) causes

an overall descending spectrum in both the telephone band and the

highband. However, the dependency between the frequency bands has

turned out to be relatively weak (Agiomyrgiannakis and Stylianou, 2007;

Nour-Eldin and Kabal, 2011).

The correlations between the telephone band and both the lowband

and the highband have been investigated with information theoretic

measures. Jax and Vary (2002) derived an upper bound for the quality

of memoryless ABE in terms of spectral distortion using an information

theoretic approach. Nilsson et al. (2002) also examined the mutual

information between the spectral shapes in the telephone band and in

the highband and concluded that memoryless ABE cannot be expected
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to reconstruct the highband spectrum accurately from the narrowband

spectrum. According to Agiomyrgiannakis and Stylianou (2004), the

relationship between narrowband and highband spectral envelopes is one-

to-many and high-quality reconstruction requires additional transmitted

information. Nour-Eldin and Kabal (2007) showed that including memory

in the estimation technique improves the certainty of the highband

estimate.

In practice, ABE cannot reconstruct the original wideband speech

faithfully from a narrowband speech signal. Instead, the general aim of

ABE is to add energy to the extension bands in a perceptually reasonable

way so that the perceived bandwidth is increased and the subjective

speech quality is improved (Kornagel, 2006; Kim et al., 2008; Nour-Eldin

and Kabal, 2011). ABE techniques typically achieve average errors of

about 6 dB (Qian and Kabal, 2004) in spectral envelope estimation, as

will be described in section 6.3.4.

4.4 Speech bandwidth extension with side information

Since the highband cannot be accurately estimated from the narrowband

speech signal, bandwidth extension techniques utilizing a small amount

of additional transmitted information about the missing frequency range

have also been developed (Epps, 2000; Valin and Lefebvre, 2000; McCree,

2000; Agiomyrgiannakis and Stylianou, 2004; Geiser et al., 2005; Fuchs

and Lefebvre, 2006; Agiomyrgiannakis and Stylianou, 2007; Berisha and

Spanias, 2007; Geiser and Vary, 2007; Nishimura, 2009). Auxiliary

bitstreams of about 130 bps–2 kbps are generally suggested to support the

bandwidth extension. The additional information enables a more accurate

regeneration of the missing frequencies than artificial bandwidth exten-

sion; fewer artifacts are produced and the overall quality is improved.

Utilizing side information with the existing narrowband systems also

calls for a method to transmit the information to the receiving end. If

interoperability with existing standard codecs is required, data transmis-

sion can be accomplished in three different ways as described by Vary

and Geiser (2007): by embedding the side information in the speech

signal itself (Geiser et al., 2005; Sagi and Malah, 2007), by modifying

the encoded bitstream, or most efficiently by joint coding and data hiding

within the encoder (Geiser and Vary, 2007; Vary and Geiser, 2007;

Nishimura, 2009). All these approaches maintain interoperability with
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the existing networks and codecs but may cause a minor degradation

in speech quality. The signal-domain approach is problematic because

it is not sufficiently robust when coding with CELP codecs (Vary and

Geiser, 2007). The third approach of including the data hiding within the

encoding process provides the best results but requires codec-dependent

processing.

If direct compatibility with existing narrowband codecs is not required,

the principle of a scalable codec is an elegant solution to the transmission

of extra bits; distinct operating modes are defined for narrowband and

wideband speech, and a bitstream layer is dedicated to the bandwidth ex-

tension parameters as described by Geiser et al. (2007a) and implemented

in ITU-T G.729.1 (2006).

The idea of bandwidth extension with a small amount of transmitted

side information is also utilized in many standardized wideband speech

and audio codecs, where the higher frequencies are estimated from the

transmitted lower frequency content and additional side information

parameters (Geiser et al., 2007a). Examples of such codecs are AMR-

WB (3GPP TS 26.190, 2011), AMR-WB+ (3GPP TS 26.290, 2011), and the

enhanced aacPlus (3GPP TS 26.404, 2011).

This thesis focuses on artificial bandwidth extension of telephone speech

without utilizing any additional side information.

4.5 Artificial bandwidth extension techniques

One of the earliest studies on the artificial bandwidth extension of

telephone speech was the investigation by BBC (Croll, 1972), aimed at

improving the acoustic quality of telephone contributions in broadcast

programs. Both lowband and highband extension were considered chal-

lenging, and especially highband extension was found to be extremely

difficult using the analog techniques of the time.

According to Jax (2002, section 1.3), the first adaptive approach to

speech bandwidth extension was proposed by P. J. Patrick in 1981.

Patrick made a distinction between voiced and unvoiced speech (Vary

and Martin, 2006, section 10.3.1), utilized frequency-domain processing,

and generated a high-frequency extension that was scaled according to

the short-term spectral tilt of the band-limited input signal (Jax, 2002,

section 1.3).
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More advanced digital signal processing techniques have been proposed

for artificial bandwidth extension since the early 1990s. Statistical

recovery of the missing highband using a combination of autoregressive

filters excited by Gaussian noise was proposed by Cheng et al. (1992,

1994), and the use of codebooks for the spectral envelope extension was

described by Carl and Heute (1994) and Yoshida and Abe (1994). Similar

techniques form the bases of many of the more recent ABE methods.

In general, ABE methods utilize a combination of techniques from

pattern recognition, statistical estimation, and speech synthesis (Vary

and Geiser, 2007). Input speech is typically processed in short frames of

about 10 to 30 milliseconds. In some cases, the temporal characteristics

of the signal are adjusted with a finer resolution of about 2 milliseconds.

Successive frames may overlap, e.g., by 50%, and output frames may be

concatenated with overlap-and-add techniques.

Bandwidth extension can be implemented in the frequency-domain or

in the time-domain. Frequency-domain processing commonly computes

the spectrum of the input frame using a fast Fourier transform (FFT),

constructs the spectrum of a frame in the spectral domain, and applies

the inverse FFT to produce the corresponding time-domain signal. Time-

domain processing typically involves adaptive filters or a filterbank for the

shaping of the extension band spectrum. Frequency-domain processing

has the benefit of accessing the spectral representation directly, whereas

time-domain processing may yield a lower overall delay and avoid po-

tential degradations due to the limited accuracy of FFT computation

especially on fixed-point platforms.

A large part of the ABE methods proposed in the literature are based on

the source-filter model of speech production: The narrowband input signal

is divided into an excitation signal and a filter representing the spectral

envelope. The excitation and the filter are then extended separately to the

extension band. The extension of the filter requires an estimation method

that generates the filter parameters from a set of descriptive features

calculated from the narrowband input. Bandwidth-extended speech is

generated by processing the extended excitation with the extended filter

and combining the output with the original narrowband speech signal.

The following sections describe the extension of the excitation, feature

extraction, and the estimation of the spectral envelope in more detail.
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4.5.1 Extension of the excitation

The excitation signal contains the spectral fine structure of the extension

band and usually has a relatively flat spectral envelope. Typically, the

extension-band excitation is generated from the narrowband excitation,

which is often represented by the LPC residual of the input signal.

Several methods have been proposed for the extension of the excitation

as described below.

Spectral folding

Spectral folding is a simple way to extend the excitation signal of a

narrowband speech signal from the frequency range 0–4 kHz to 0–8 kHz.

Spectral folding generates a mirror image of the narrowband spectrum

in the highband (Makhoul and Berouti, 1979). It is equivalent to an up-

sampling operation without an anti-aliasing lowpass filter and makes use

of the aliased spectrum in the extension band. Spectral folding can be

implemented easily in the time domain by inserting a zero sample after

each input sample or in the frequency domain by mirroring the FFT

coefficients. Figure 4.2 illustrates the effect of spectral folding in the

frequency domain.
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Figure 4.2. Spectral folding can be used to generate spectral content in the highband.
Zero samples are added between the signal samples in the time domain,
which causes the spectrum to be mirrored to the highband as shown.

Spectral folding is computationally simple, it preserves the input spec-

trum, and the resulting temporal structure in the highband follows that

of the input signal. However, the technique has some shortcomings

(Fuemmeler et al., 2001; Jax and Vary, 2003; Iser and Schmidt, 2005).

If the narrowband extension covers frequencies only up to, e.g., 3.4 kHz,

the mirrored highband excitation also fills only a part of the highband and

leaves a gap around 4 kHz. Also, spectral folding of a harmonic spectrum

does not, in general, generate spectral peaks at correct harmonic frequen-

cies. However, the misalignment of the highband harmonic structure has

been reported not to cause a significant quality degradation (Jax and
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Vary, 2003), which was also verified during this thesis work (Pulakka

et al., 2007).

Spectral folding has been utilized, e.g., by Avendano et al. (1995), Enbom

and Kleijn (1999), Chennoukh et al. (2001), Laaksonen et al. (2005),

Shahina and Yegnanarayana (2006), Kontio et al. (2007), Kalgaonkar

and Clements (2008), Bauer and Fingscheidt (2008), Pham et al. (2010),

and Yağlı and Erzin (2011). Short-term and long-term post-filtering is

proposed by Fuchs and Lefebvre (2006) to improve the spectral char-

acteristics of the excitation generated by spectral folding for bandwidth

extension aided with side information. While most authors utilize spec-

tral folding to the extension of a whitened narrowband excitation signal,

Laaksonen et al. (2005), Kontio et al. (2007), and Pham et al. (2010) apply

it directly to the input signal to generate initial wideband content for later

spectral shaping. In this thesis, spectral folding is used as the primary

method for generating the highband excitation in Publication II.

Modulation techniques

A shifted copy of the up-sampled baseband spectrum can be generated

in the extension band with modulation at a fixed frequency. Filtering is

necessary to prevent undesired overlapping of the translated spectrum

and the original narrowband spectrum. The modulation frequency can be

equal to 4 kHz, which corresponds to the spectral translation described

by Makhoul and Berouti (1979) and is simple to implement in the time

domain. Other modulation frequencies can also be used and allow, e.g.,

filling the gap in the spectrum at 4 kHz (Jax and Vary, 2003). Fixed

modulation breaks the harmonic structure because spectral peaks of

voiced speech copied to the highband are not located at integer multiples

of the fundamental frequency. While the modulation is a time-domain

process as described by Jax and Vary (2003), a similar effect can be

achieved by frequency-domain processing. For example, Nilsson and

Kleijn (2001); Katsir et al. (2011) construct the highband excitation in

the frequency domain by repeatedly copying a sub-band of the telephone

band spectrum to the highband.

Pitch-adaptive modulation

The harmonic spectrum of voiced speech can be preserved by copying

the narrowband spectrum to the extension band using an adaptive mod-

ulation frequency that is a multiple of the fundamental frequency (f0)
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of speech, which is often called the pitch1. The idea was proposed by

Makhoul and Berouti (1979) for high-frequency generation in baseband

coders and suggested for the extension of the excitation in ABE by

Fuemmeler et al. (2001), Kornagel (2001), and Jax (2002, section 3.3.3).

A time-domain modulation approach was presented by Fuemmeler et al.

(2001), whereas a frequency-domain technique that repeatedly copies

part of the narrowband spectrum to the extension band was proposed by

Kornagel (2001) and later utilized by Gustafsson et al. (2006).

Pitch-adaptive modulation requires an accurate estimate of f0. Pitch

detection is a non-trivial task for which there are several basic methods

and a number of enhancements to improve robustness and accuracy.

For example, an advanced pitch estimation algorithm is described by

de Cheveigné and Kawahara (2002). The benefit of the pitch-adaptive

modulation approach has been found to be small compared to the com-

plexity of the technique (Jax and Vary, 2003).

Sinusoidal synthesis

Sinusoidal synthesis generates the excitation signal of voiced speech

as a sum of sine waves with frequencies equal to the multiples of the

fundamental frequency of voiced speech. A similar result can also be

achieved by generating harmonic peaks in the frequency domain. A mixed

excitation with an adjustable level of harmonicity for varying levels of

voicing can be generated by means of randomized harmonic phases or

additive random noise (Epps and Holmes, 1998; Epps, 2000, section 2.4;

Miet et al., 2000).

Sinusoidal synthesis is especially suitable for the excitation extension

to low frequencies below 300 Hz because the lowband signal primarily

consists of a small number of harmonics of f0 and the ear is sensitive

to the harmonic components in this frequency range. Low-frequency

extension utilizing sine synthesis is described, e.g., by Miet et al. (2000),

Valin and Lefebvre (2000), Park et al. (2004), and Gustafsson et al. (2006).

Sinusoidal synthesis calls for an accurate estimate of f0. If ABE is

implemented in close connection with a speech decoder, the pitch period

1Strictly speaking, this is a slightly inaccurate use of the term pitch, which
actually refers to the subjective, perceptual attribute of sound instead of the
physical frequency. However, the perceived pitch of a sound depends primarily
on its frequency, and in speech the pitch is directly related to the vibration rate
of the vocal folds (Houtsma, 1997).
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estimate utilized in many codecs can be exploited also in ABE (Park et al.,

2004), as was done also in Publication III of this thesis.

Nonlinear processing

The excitation signal can be extended by applying a nonlinear function

f(x) to the narrowband excitation. Examples of nonlinear functions used

for bandwidth extension include f(x) = x2 (Kornagel, 2001), f(x) = x3

(Iser and Schmidt, 2003), and f(x) = |x| (Kim et al., 2008; Pham et al.,

2010). An adaptive nonlinear function that adapts to the input amplitude

is described by Iser et al. (2008, section 4.2.7). Nonlinear processing

has the benefit of maintaining the harmonic character of the excitation,

i.e., nonlinear processing of a periodic signal generates a spectrum with

spectral peaks at integer multiples of f0. However, the energy level

generated in the extension band by a nonlinearity is difficult to control,

and subsequent energy normalization is typically required (Jax, 2002,

section 3.2; Iser and Schmidt, 2003). Nonlinear functions are often

used for the low-frequency extension because they generate a harmonic

spectrum, which is perceptually important at low frequencies.

Noise modulation

Noise modulation refers to generating the excitation by modulating a

white noise signal by a temporal envelope. This technique can be

motivated by the critical bandwidths of human perception: above 4 kHz

the frequency resolution of the human ear is poor and pitch harmonics

are not resolved individually, but pitch periodicity is present in the

temporal envelope of voiced speech (McCree, 2000). Thus, the harmonic

spectrum does not need to be reproduced and the pitch periodicity can be

reconstructed by the time-domain modulation of a noise excitation. The

temporal modulation envelope can be extracted from the time envelope

of a sub-band of the input signal using, e.g., the frequency band of about

2–3 kHz (Qian and Kabal, 2003), 2.5–3.5 kHz (Unno and McCree, 2005;

Hu et al., 2005), or 3–4 kHz (Qian and Kabal, 2004).

The GMM-ABE method described by Pulakka et al. (2011) utilizes a

combination of spectral folding of the LPC residual and modulated white

noise as highband excitation in an attempt to benefit from the perceptual

strengths of both techniques.
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Noise excitation

A noise signal has also been used as an excitation in combination with

other techniques to avoid an overly periodic excitation at high frequencies

(Nilsson and Kleijn, 2001) or to provide an excitation for unvoiced speech

sounds (Epps and Holmes, 1998; Cabral and Oliveira, 2005; Ramabadran

and Jasiuk, 2008). For the extension from the wideband frequency

range to the super-wideband range, a noise excitation may be sufficient,

especially if the temporal envelope of the excitation is also adjusted as in

the method described by Geiser and Vary (2008).

Voice source modeling

Thomas et al. (2010) proposed estimating the wideband voice source

signal from the narrowband signal to extend the excitation of voiced

speech. The technique was found to be especially effective in the low-

frequency range. Furthermore, the bandwidth extension layer in the

ITU-T G.729.1 codec utilizes a lookup table of glottal pulse shapes to

reconstruct the excitation for voiced speech (Geiser et al., 2007a).

Other techniques

Other excitation extension approaches also exist, such as the pitch-

synchronous time-scaling transformation of the linear prediction residual

motivated by the modification of the open phase of the glottal flow

waveform (Cabral and Oliveira, 2005). Furthermore, Jax et al. (2006)

utilize parameters taken from the GSM EFR codec to generate a wideband

excitation in their embedded wideband extension to the codec.

4.5.2 Feature extraction

The spectral envelope in the extension band is estimated from the in-

formation available in the narrowband input signal. For this purpose,

a set of features is calculated from each frame of the input signal. The

aim of feature extraction is to compress the input frame into a small

number of values that represent relevant characteristics of the signal

for the envelope estimation task. The features should be selected so

that they provide as much information about the missing frequency

band as possible. At the same time, the number of features, i.e.,

the dimensionality of the feature vector, should be small to keep the

computational complexity low.
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A multitude of features have been proposed for bandwidth extension.

Two instrumental measures can be used to quantify their suitability for

the task (Jax and Vary, 2004):

• The information theoretic quantity called mutual information describes

the dependency between signals. The mutual information between a

feature set and the quantity to be estimated indicates the feasibility of

the estimation task.

• The separability quantifies the discriminative power of a feature set for

the classification of speech frames into relevant categories.

Features can be classified into two categories: frequency-domain and

time-domain features. Frequency-domain features represent the charac-

teristics of the spectrum and are typically computed from the FFT-based

magnitude spectrum of a frame. Time-domain features are computed di-

rectly from the signal samples and represent the temporal characteristics

of a signal frame. Many early ABE approaches utilized only spectral

envelope parameters of the narrowband input to estimate the spectral

envelope parameters of the extension band. However, additional time-

domain and frequency-domain features have been shown to be beneficial

for the estimation (Jax and Vary, 2004).

The following list presents some typical examples of features.

Sub-band energy levels: The overall spectral shape of the input signal

can be represented by the amounts of energy in a small number of

frequency bands (Kontio et al., 2007; Pham et al., 2010).

Autocorrelation coefficients: Alternatively, the spectral envelope can

be represented by the first ten autocorrelation coefficients (Jax and

Vary, 2003).

LPC filter coefficients: The coefficients of the all-pole filter obtained by

linear prediction can also be used to represent the spectral envelope

(Kornagel, 2006). LPC parameters can be converted to other

representations to be used as input features, such as line-spectral

frequencies (LSF) (Miet et al., 2000; Chennoukh et al., 2001; Qian

and Kabal, 2003; Vaseghi et al., 2006; Yao and Chan, 2006; Yağlı and

Erzin, 2011), mel-scaled LSFs (Liu et al., 2009), or linear prediction

cepstral coefficients (LPCC) (Shahina and Yegnanarayana, 2006).
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Cepstral coefficients: Another representation of the spectral envelope

is provided by the mel-frequency cepstral coefficients (MFCC) (Davis

and Mermelstein, 1980), which are commonly used as input features

in automatic speech recognition (O’Shaughnessy, 2008). MFCC

features are used for ABE by Seltzer et al. (2005), Song and

Martynovich (2009), and Thomas et al. (2010). Alternatively, linear-

frequency cepstral coefficients (LFCC) can also be used (Kim et al.,

2008).

Spectral centroid: The spectral centroid, xsc, corresponds to the center

of gravity of the magnitude spectrum and is calculated as

xsc =

Ni/2∑
i=0

i · |S(i)|

(Ni/2 + 1)

Ni/2∑
i=0

|S(i)|
, (4.1)

where S(i) is the ith coefficient of the Ni-point FFT spectrum of the

input signal (Jax, 2002, section 5.3.1; Jax and Vary, 2003). This

feature gets small values for voiced sounds, which have most of their

energy at low frequencies, and large values for unvoiced sounds, in

which more energy is concentrated at high frequencies (Heide and

Kang, 1998; Jax, 2002, section 5.3.1).

Spectral flatness: The spectral flatness, xsf , is defined as the ratio of

the geometric mean to the arithmetic mean of the power spectrum

(Johnston, 1988; Jax, 2002, section 5.3.1):

xsf = 10 log10

Ni

√√√√Ni−1∏
i=0

|S(i)|2

1

Ni

Ni−1∑
i=0

|S(i)|2
dB. (4.2)

The feature indicates the smoothness of the power spectrum and

thus reflects the degree of tonality.

Frame energy: The signal energy within a frame, E, is calculated as

E =
Nk−1∑
k=0

(snb(k))
2, (4.3)

where snb(k) is the narrowband speech signal at time index k and

Nk is the number of samples in the frame. The frame energy reflects

voice activity and differs between various types of speech sounds,

but it also depends on the speaker, speaking style, and background

noise (Jax, 2002, section 5.3.2).
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Normalized frame energy: The normalized frame energy is deter-

mined from the energy of the current frame relative to a reference

value. Kornagel (2006) utilizes the maximum possible frame energy

as a reference, whereas the normalized relative frame energy

proposed by Jax (2002, section 5.3.2) takes into account both the

noise floor and the average frame energy, both calculated adaptively

from the input speech. The adaptive normalization makes the

feature independent of long-term variations in the signal power

(Jax, 2002, section 5.3.2).

Zero crossing rate: The number of times the signal crosses the zero

level in a frame gives high values for noise-like unvoiced sounds and

low values for periodic, voiced sounds (Atal and Rabiner, 1976).

Gradient index: A feature that differentiates voiced and unvoiced

speech more efficiently was introduced by Paulus (1995) and is called

the gradient index. The gradient index is based on the sum of

the magnitudes of the signal gradient at points where the signal

changes direction from ascending to descending or vice versa (Jax,

2002, section 5.3.1). The gradient index, xgi, is calculated as

xgi =

Nk−1∑
k=2

Ψ(k)|snb(k)− snb(k − 1)|
√√√√Nk−1∑

k=0

(snb(k))2

, (4.4)

where Ψ(k) indicates changes of direction; Ψ(k) = 1 if the sign of the

gradient snb(k)− snb(k − 1) is different from the sign of the gradient

at the previous time index. Otherwise, Ψ(k) = 0.

Figure 4.3 illustrates the behavior of two features, the spectral centroid

and the gradient index, in the sentence shown in figure 2.2.

The primary features described above are based on the signal in a single

input frame. The temporal variation in the input signal can be incorpo-

rated by using dynamic features, which approximate the time derivatives

of feature values. An estimate of the first derivative can be computed

simply as the difference of a feature value in two successive frames.

This estimate is commonly referred to as a delta feature. A second-order

delta feature, called a delta-delta feature, similarly represents the second

derivative. Less noisy estimates of the time derivative can be obtained

with a more sophisticated calculation involving several successive frames

as described by Rabiner and Juang (1993, section 3.3.7) and Jax (2002,
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Figure 4.3. Illustration of the values of two features in the sentence shown in figure 2.2.
The spectrogram of the narrowband speech signal is presented in the top
panel and the time-domain signal is shown below the spectrogram. The
subsequent panels show the values of the spectral centroid (equation 4.1),
which is a spectral-domain feature, and the gradient index (equation 4.4),
which is a time-domain feature. The features have been calculated from
narrowband speech limited in frequency to below 4 kHz.

section 5.3.4), but practical applications of bandwidth extension often

do not allow the additional delay caused by utilizing future frames in

feature calculation. Dynamic features have been successfully used for

speech recognition (Morgan et al., 2004; O’Shaughnessy, 2008), speaker

recognition (Kinnunen and Li, 2010), and statistical parametric speech

synthesis (Zen et al., 2009). Delta features as well as delta-delta features

have also been used for bandwidth extension, e.g., by Bauer et al. (2010)

and Yağlı and Erzin (2011). The use of dynamic features implies the

inclusion of memory in the feature calculation, which has been shown

to improve the estimation performance of artificial bandwidth extension

(Nour-Eldin et al., 2006; Nour-Eldin and Kabal, 2007, 2009). Laaksonen

et al. (2005) and Kontio et al. (2007) employ the idea of a dynamic feature

only for frame energy by using the energy ratio feature, which is based on

the ratio of the energies in two consecutive frames.

The selected primary features and possibly also the dynamic features

comprise a feature vector. It is often beneficial to reduce the dimension-

ality of the feature vector because traditional statistical models cannot

handle high-dimensional data, and the computational complexity as well

as the amount of data required for training grow with the number of
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features (Kinnunen and Li, 2010). The dimensionality can be reduced,

e.g., by linear discriminant analysis (LDA), which maximizes the discrim-

inating power of the output vector in terms of predefined classes with

any given dimensionality. LDA is based on a linear transformation and

yields a compact feature vector with mutually uncorrelated components.

According to Jax (2002, section 7), LDA improves the compactness of

the feature vector and enhances the quality of statistical modeling and

thus yields improved performance and robustness of bandwidth extension

while reducing the computational complexity. The method described by

Kalgaonkar and Clements (2008), on the other hand, utilizes principal

component analysis (PCA) to reduce the dimensionality of the feature

vector. PCA successively finds components with the largest possible

variance under the constraint of each component being orthogonal to the

preceding ones (Bishop, 2006, section 12.1).

The selection of a small number of effective features is an essential

part of the design of a bandwidth extension method. The selection of

relevant features among a large set of candidates is a common prob-

lem in many research fields including machine learning, data mining,

and bioinformatics. Systematic feature selection algorithms have been

developed as described, e.g., by Kohavi and John (1997), Guyon and

Elisseeff (2003), and Saeys et al. (2007). Systematic feature selection

requires a computational measure of the quality of the features or of

the system output. In the case of speech bandwidth extension, various

objective measures can be used for this purpose, but such measures have

limited correspondence with human perception and may not yield an

optimal feature selection in terms of subjective quality. Consequently,

feature selection requires experimentation with different feature sets,

and systematic methods exploiting objective distance measures can give

useful guidelines in the process.

4.5.3 Extension of the spectral envelope

The spectral envelope in the extension band is represented by a small

number of parameters that convey the general shape of the spectrum but

ignore the fine structure. The shaping of the spectral envelope is often

realized as an LPC-based all-pole filter that is parameterized using, e.g.,

cepstral coefficients (Jax and Vary, 2003; Shahina and Yegnanarayana,

2006; Song and Martynovich, 2009) or LSFs (Enbom and Kleijn, 1999;

Miet et al., 2000; Chennoukh et al., 2001; Hu et al., 2005; Vaseghi et al.,
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Figure 4.4. Filter bank for shaping the highband spectral envelope in the bandwidth
extension algorithm of ITU-T G.729.1 (2006). Data from ITU-T G.729.1
(2006).

2006; Yao and Chan, 2006; Yağlı and Erzin, 2011). An MFCC repre-

sentation was utilized by Seltzer et al. (2005), and MFCC parameters

were found to outperform the LSF representation of all-pole models for

the highband parameterization by Nour-Eldin and Kabal (2008, 2009).

The MFCC approach also requires a method to reconstruct the spectral

envelope from the mel-spectral coefficients, as described by Seltzer et al.

(2005) and Nour-Eldin and Kabal (2008) and also addressed by Chazan

et al. (2000).

Instead of using an all-pole filter, the spectral envelope of the extension

band can also be parameterized in terms of sub-band energy levels (Jax

et al., 2006; Geiser et al., 2007b; Kim et al., 2008; Thomas et al., 2010).

In this approach, the spectral envelope of the extension band is shaped

by sub-band processing: The extension band is divided into sub-bands by

means of a filter bank and the sub-bands are weighted appropriately and

summed. The same effect can be accomplished by generating a single

FIR filter as a weighted sum of the bandpass FIR filters (Jax et al.,

2006; Geiser et al., 2007a). Figure 4.4 illustrates the filter bank utilized

for shaping the highband spectral envelope in the bandwidth extension

algorithm of ITU-T G.729.1 (2006), which is used as the basis for ABE

by Geiser et al. (2007b). An efficient time-domain filterbank equalizer

technique for applying time-varying gain coefficients to sub-bands with

uniform or non-uniform frequency resolution is described by Vary (2006).

The method proposed in Publication II of this thesis represents the

highband spectral shape in terms of energy levels of sub-bands that have

a uniform spacing on the mel scale.

Alternatively, the spectral shaping can be performed in the frequency

domain using smooth gain curves defined by a small number of control

points whose levels are estimated from the narrowband input (Laaksonen

et al., 2005; Kontio et al., 2007; Pham et al., 2010).
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Several methods have been proposed for the estimation of the spectral

envelope parameters from the features extracted from the narrowband

input speech. Most of them are based on a training process that attempts

to capture the relationship between narrowband input features and the

corresponding parameters of the extension band in a database of speech

signals. The training phase typically involves a distance measure to

compare the estimated parameter values to those of the original training

material. One of the common problems with ABE is the occurrence of

occasional artifacts in the extension band caused by the overestimation

of the extension band energy. To reduce such artifacts, asymmetric error

measures have been proposed so that energy overestimation is penalized

more heavily than underestimation in the training stage of the system

(Nilsson and Kleijn, 2001; Iser and Schmidt, 2005).

The most important methods for the estimation of spectral envelope

parameters are described below.

Linear mapping

The simplest approach is to construct a linear model for the mapping

from input features of the current frame and possibly preceding frames

to the parameters of the spectral envelope. This technique is described by

Avendano et al. (1995), Miet et al. (2000), and Chennoukh et al. (2001) and

evaluated by Epps and Holmes (1999). An enhancement of this technique,

piecewise linear mapping, clusters input data into several categories

based on the feature values and utilizes a separate linear model for each

category (Epps and Holmes, 1999; Chennoukh et al., 2001). Piecewise

linear mapping was also proposed as a simple estimation technique for

ABE from wideband to super-wideband speech by Geiser and Vary (2008).

Codebooks

The codebook mapping technique utilizes two coupled codebooks. A

wideband codebook contains a number of wideband spectral envelopes

that are parameterized and stored as, e.g., LPC coefficients or LSFs. A

parallel narrowband codebook contains the parameters of the correspond-

ing narrowband speech frames. Both codebooks are constructed in the

training phase utilizing vector quantization to find a representative set of

narrowband and wideband speech frames. When the bandwidth extension

system is used, the best matching entry for each narrowband input frame

is identified in the narrowband codebook and the spectral envelope of

the extension band is generated using the corresponding entry in the
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wideband codebook. This technique was proposed by Carl and Heute

(1994) and Yoshida and Abe (1994), and several refinements have later

been presented, such as temporal smoothing of extension band estimates

(Enbom and Kleijn, 1999; Hu et al., 2005; Kornagel, 2006), interpolation

between codebook entries (Epps and Holmes, 1999; Hu et al., 2005; Unno

and McCree, 2005; Kornagel, 2006), the use of two codebooks depending

on the voicing status (Epps and Holmes, 1999), a two-step codebook-based

classification penalizing variation between successive frames (Kornagel,

2006), and predictive codebook mapping, which utilizes the previous value

in the estimation (Unno and McCree, 2005).

Gaussian mixture model

A statistical model of the dependency between input features and the

corresponding extension band parameters can be built using a Gaussian

mixture model (GMM). A GMM approximates a probability density func-

tion as a sum of several multivariate Gaussian distributions, a mixture

of Gaussians. GMMs are used in ABE to model the joint probability

distribution of the parametric representations of the narrowband input

and the extension band. Given the input feature vector of a speech frame,

the minimum mean square error (MMSE) estimate of the corresponding

extension band parameters can be computed.

GMM-based estimation of extension band parameters was introduced

by Park and Kim (2000) and later utilized, e.g., by Nilsson and Kleijn

(2001), Qian and Kabal (2003), Kim et al. (2008), Nour-Eldin and Kabal

(2009), Liu et al. (2009), and Pulakka et al. (2011). A GMM combined

with state-specific linear mapping for the highband envelope parameters

was presented by Seltzer et al. (2005). A memory-based extension of the

conventional GMM approach exploiting information from previous frames

was proposed by Nour-Eldin and Kabal (2011).

Hidden Markov model

Spectral envelope parameters can also be estimated with a statistical

model based on the hidden Markov model (HMM) of the speech production

process. Each state of the HMM corresponds to an entry in the pre-

trained wideband codebook of typical speech sounds. The model also

contains state probabilities, transition probabilities between the states,

and state-specific models for the probability density function of the input

feature vectors. Each probability density function is approximated with a

GMM. Given a sequence of input features, the a posteriori probability of
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each state is calculated from the observation probabilities and the state

transition probabilities, and the MMSE estimate of the spectral envelope

parameters then can be computed. In particular, information in preceding

frames is taken into account by the state transitions.

HMM-based ABE was introduced by Jax (2002) and Jax and Vary (2003)

and later utilized, e.g., by Thomas et al. (2010). Training of the HMM

aided by phonetic transcriptions was proposed by Bauer and Fingscheidt

(2009). The general Baum-Welch training algorithm was utilized by Song

and Martynovich (2009) and shown to outperform the one presented by

Jax. Different HMM-based ABE techniques are also described by Yao and

Chan (2005) and Yağlı and Erzin (2011).

Neural networks

The principle of an artificial neural network is inspired by the mech-

anisms of neural processing in the brain (Haykin, 1999, chapter 1).

A classification or estimation task is performed by a large number of

interconnected neurons, each of which computes a single output from

several inputs by applying a simple linear or nonlinear function to the

weighted sum of the inputs. The neurons are typically arranged in a

layered structure where each neuron receives inputs from the previous

layer and provides outputs to the following layer. The neural network

is usually composed of a small number of such layers. Networks with

only forward connections between layers are called feedforward networks,

whereas networks containing feedback loops to preceding layers are

known as recurrent networks. The training of a neural network involves

finding suitable weights for the connections between the neurons in a

fixed network topology. Neural networks are commonly trained using a

large set of training data and the back-propagation algorithm.

Neural networks can also be trained using genetic algorithms, which are

optimization methods inspired by natural evolution. Candidate solutions

for the optimization problem, known as individuals, are evolved in a

series of generations to find successively better solutions to the problem.

The fitness of each individual is evaluated, and a new generation is

constructed by recombining and randomly mutating successful individ-

uals. Genetic algorithms specifically tailored to neural networks have

also been developed. As an example, the method called neuroevolution

of augmenting topologies (NEAT) (Stanley and Miikkulainen, 2002) is a

genetic algorithm that alters not only connection parameters between
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neurons but also builds the network structure during the evolution

process.

An ABE method employing an adaptive spline neural network to esti-

mate the wideband spectrum from the narrowband spectrum was pro-

posed by Uncini et al. (1999). Typically, neural networks utilized for

ABE are of the common multi-layer perceptron (MLP) type with only

feedforward connections (Valin and Lefebvre, 2000; Iser and Schmidt,

2003; Shahina and Yegnanarayana, 2006; Pham et al., 2010). A partially

recurrent network was used by Kontio et al. (2007). Training of a neural

network with a genetic algorithm was proposed in Kontio et al. (2007), and

the NEAT method was utilized for ABE in Publication II of this thesis.

4.5.4 Estimation of the extension band gain

Besides the extension of the excitation signal and the spectral envelope,

the estimation of the gain for the extension band forms an important

subpart of many ABE systems (Carl and Heute, 1994; Epps, 2000; Park

and Kim, 2000; Fuemmeler et al., 2001; Nilsson and Kleijn, 2001; Iser

and Schmidt, 2003; Qian and Kabal, 2004; Park et al., 2004; Gustafsson

et al., 2006; Kornagel, 2006). The gain can be estimated, e.g., by matching

the telephone-band energy in the estimated wideband spectrum with

that of the narrowband input signal (Fuemmeler et al., 2001; Iser and

Schmidt, 2003; Vaseghi et al., 2006; Kornagel, 2006) or using similar

estimation techniques as used for the spectral envelope parameters, such

as codebooks (Carl and Heute, 1994; Park and Kim, 2000; Fuemmeler

et al., 2001; Unno and McCree, 2005; Vaseghi et al., 2006) or a GMM

(Nilsson and Kleijn, 2001; Qian and Kabal, 2004). The continuity of the

spectral envelope at the boundary between the telephone band and the

extension band is specifically considered by Epps (2000, section 5).

4.5.5 Temporal envelope modeling

The temporal envelope of the extension-band signal amplitude has also

been found to be perceptually relevant. Experiments reported by Taori

et al. (2000) indicate that the highband of speech can be regenerated

successfully from a noise excitation using a relatively coarse represen-

tation of the spectrum every 10 milliseconds, but the energy contour of

the highband signal needs to be reconstructed more accurately using a

highband gain coefficient every 2.5 milliseconds. Similarly, Kim et al.
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(2007) discuss reconstructing the speech highband by multiplying the

temporal envelope with the temporal fine structure in the time domain,

which they refer to as the temporal envelope model. Kim et al. justify the

importance of the temporal envelope for the speech highband regenera-

tion with psychoacoustic considerations and report experiments showing

that transparent quality can be obtained if the temporal envelope of the

highband is roughly preserved.

Temporal envelope shaping has been included in the ABE methods

of Geiser et al. (2007b), Kim et al. (2008), and Thomas et al. (2010),

which adjust the amplitude envelopes of the sub-bands of the extension

band. The wideband extension of the GSM EFR coder described by Jax

et al. (2006) also adjusts the amplitude envelopes of frequency sub-bands

with a temporal resolution of 2 milliseconds. Furthermore, temporal

envelope shaping is employed in the bandwidth extension layer of the

ITU-T G.729.1 codec (Geiser et al., 2007a).

4.5.6 Phonetically motivated approaches

Speech sounds of different phonetic categories are characterized by dif-

ferent temporal and spectral properties relevant for perception. This

suggests that phonetically motivated approaches could be exploited in the

bandwidth extension of speech.

Classifying speech frames to phonetically motivated categories and

selecting the spectral shaping parameters according to the category is

employed by Laaksonen et al. (2005) and Laaksonen et al. (2009).

Bauer and Fingscheidt (2009) consider utilizing phonetic transcriptions

of speech to aid both the training and the use of their ABE system.

The performance of the bandwidth extension especially for fricatives

[s] and [z] is improved by using phonetic transcriptions of the training

data and selecting the sharpest spectral representations of [s] sounds in

the training process. Besides the improvement in model training, an

additional benefit is achieved if a phonetic transcription is available for

the narrowband signal to be bandwidth-extended, which is not feasible

for real-time speech processing, but may have applications in offline

bandwidth extension applications.
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4.5.7 Other techniques utilized for ABE

There are other ABE methods utilizing techniques different from the

most common ones, which are presented above. For example, Tolba

and O’Shaughnessy (1998) describe a method based on the amplitude

and frequency modulation (AM-FM) model. Bansal et al. (2005) propose

using convolutive non-negative matrix factorization for ABE. The method

proposed by Yao and Chan (2006) regenerates the wideband spectral

envelope using a state-space model to make use of long-term speech

dynamics and utilizes Kalman filtering for state estimation. The system

presented by Gustafsson et al. (2006) generates synthetic formants at

estimated frequencies using an acoustic model of the front-most cavity

of the vocal tract. Ramabadran and Jasiuk (2008) propose a method that

estimates the energy of the entire highband relative to the upper part of

the telephone band and chooses the highband spectral envelope based on

the highband energy estimate. Park et al. (2011) describe an ABE method

that operates in the modified discrete cosine transform (MDCT) domain.

The vocal tract area function, which represents the shape of the vocal

tract between the vocal folds and the lips, is utilized for the estimation

of the wideband spectral envelope by Kalgaonkar and Clements (2008)

and Katsir et al. (2011). Finally, Kuroiwa et al. (2007) present a non-

real-time ABE system based on a speech recognition method, which

estimates the sequence of speech sounds in the input signal, followed by

a wideband speech synthesis method that utilizes the estimated sequence

to synthesize a wideband speech signal.

4.6 Characteristics of lowband and highband extension

The techniques described above can be used for both highband extension

and lowband extension. However, different methods are often employed

in these two extension bands due to their distinct characteristics. The

lowband below 300 Hz primarily contains the lowest harmonic compo-

nents of voiced speech (Hu and Loizou, 2010) and is not perceptually

important for unvoiced speech (Miet, 2001, section 5.1.2; Gustafsson et al.,

2006). Reconstructing the partials of voiced speech at correct harmonic

frequencies is essential at low frequencies (Jax, 2002, section 3.5). In

the highband above 4 kHz, on the other hand, the highest energy

levels are generated by fricative sounds, but also significant spectral
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content is produced by vowels and other voiced sounds. The correct

harmonic structure is not equally important in the highband (Jax, 2002,

section 3.5). According to Agiomyrgiannakis and Stylianou (2007), errors

in the highband excitation are not easily perceived when the spectral

envelope is accurate, but poor estimates of the spectral envelope tend to

amplify errors in the excitation.

Lowband extension is often based on sinusoidal synthesis (Valin and

Lefebvre, 2000; Park et al., 2004; Gustafsson et al., 2006), optionally

augmented with noise excitation (Miet et al., 2000). A continuous phase

from frame to frame needs to be ensured when generating sinusoids, but

the exact phases are typically considered irrelevant for perception (Miet,

2001, section 5.2; Valin and Lefebvre, 2000). Alternatively, nonlinear

processing can be used to generate low-frequency harmonics at correct

frequencies (Kornagel, 2001). Relatively simple spectral shaping tech-

niques have been used in some lowband extension methods. For example,

sinusoidal components of equal estimated amplitude are generated in

the method of Gustafsson et al. (2006), whereas the method described

by Kornagel (2003, 2006) utilizes a fixed bandpass filter and adjusts its

gain so that the spectral tilt of the speech spectrum is continued at low

frequencies.

As an alternative to the low-band extension, equalization of the low-

frequency band has been proposed by Qian and Kabal (2003, 2004). The

frequency range below the passband of the telephone band is amplified

to compensate for the attenuation in the transmission chain. The same

technique is also proposed for the frequency range 3400–4000 Hz (Qian

and Kabal, 2004). However, equalization assumes that the attenuation

response is approximately known. In practice, the passband characteris-

tics may vary largely and the attenuated signal contents may be distorted,

which makes lowband synthesis preferable to equalization (Miet, 2001,

section 5). According to Miet (2001, section 6.3.2), lowband synthesis is

especially superior to equalization when narrowband speech is encoded at

low bit rates.

Mobile terminals typically have a very limited capability to reproduce

low frequencies, which decreases the usability of lowband extension in

such devices. The perceptual effect of bandwidth extension to low frequen-

cies can also be achieved by signal modifications exploiting psychoacoustic

phenomena without actually generating frequencies in the missing low-

frequency range (Aarts et al., 2003). This is useful especially if the sound
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reproduction mechanism is incapable of reproducing low frequencies due

to, e.g., small loudspeaker size. The psychoacoustic lowband extension is,

however, outside the scope of this thesis.

4.7 Varying conditions and adaptation

Different talkers have their own ways of speaking, and the properties of

the speech production apparatus vary between individuals. Consequently,

the characteristics of speech signals vary greatly between speakers. Un-

surprisingly, speaker-dependent training of artificial bandwidth extension

techniques has been found to yield better performance than speaker-

independent training, as shown, e.g., by Yoshida and Abe (1994), Park

and Kim (2000), Jax and Vary (2003), and Bauer and Fingscheidt (2008).

Unfortunately, speaker-dependent training is difficult to arrange for a

real-world telephone application in general because wideband speech of

the far-end talker would be required for training. Most of the practical

ABE techniques are therefore independent of the speaker and trained

with a speech database containing a large number of talkers.

Telephone connections vary in their passband characteristics, as de-

scribed in section 3. Furthermore, the speech level may vary between

talkers and also during a call. These varying conditions need to be taken

into account in the design and training of practical speech bandwidth

extension techniques. As an example, the training database used by Unno

and McCree (2005) comprises three different types of bandpass filtering

and three gain levels.

Speech coding also deteriorates the quality of the speech signal and

affects the ABE processing following the decoder. ABE methods designed

to be used with a specific speech codec have been presented, e.g., by Chan

and Hui (1997), Park et al. (2004), Geiser et al. (2007b), and Park et al.

(2011). In this thesis, ABE evaluations have been exclusively carried out

using AMR-coded narrowband speech as input.

Different spoken languages have specific characteristics that may affect

speech bandwidth extension. For example, each language involves a

distinct selection of speech sounds. Furthermore, in tonal languages, the

pitch contour conveys meaning, a common characteristic in the languages

in East Asia but rare in Europe. Therefore, studying the language

dependency of ABE techniques is essential to ensure the international

applicability of the methods. A majority of the published ABE techniques
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have been developed and evaluated with only one language, but multi-

language training and testing have also been reported in some cases.

For example, the ABE system described by Unno and McCree (2005)

was trained using a speech database including eight languages. Bauer

and Fingscheidt (2008) investigated the performance of a HMM-based

ABE system in a multilingual setting by cross-language training and

objective evaluations in different languages and found that ABE training

with multilingual training data did not significantly degrade the output

quality. The language dependency of ABE is also evaluated in this

thesis. The ABE method proposed by (Laaksonen et al., 2005), trained

with Finnish speech, was evaluated in three different languages with

subjective tests. A consistent quality improvement over narrowband

speech was achieved in all these languages, as reported in Publication

I.

Bandwidth extension becomes especially difficult when the input signal

is noisy. An ABE method specifically designed for bandwidth extension

of noise-corrupted speech was described by Seltzer et al. (2005), who

integrated feature denoising and bandwidth extension under a shared

statistical model. The method described by Gustafsson et al. (2006)

has also been specifically designed to be robust to noise in the input

signal. Another approach to avoid noise and artifacts in the extension

band with noisy input speech is to track the input noise level and

reduce the effect of ABE if the signal-to-noise ratio (SNR) is low (Unno

and McCree, 2005; Laaksonen et al., 2005; Iser and Schmidt, 2008).

On the other hand, noise in the listening environment masks potential

distortions and artifacts caused by ABE processing. This can be exploited

by monitoring the ambient noise level and increasing the ABE effect in

noisy listening conditions (Laaksonen et al., 2005; Iser and Schmidt, 2008;

Laaksonen et al., 2009). Noise-dependent adaptation of ABE as well as

the conversational evaluation of ABE in different noise environments are

discussed in Publication IV of this thesis.

Finally, even though the coding methods and processing techniques em-

ployed in telephone systems are specifically tailored to the characteristics

of speech, musical signals are occasionally encountered and need to be

handled satisfactorily. Unno and McCree (2005) also considered this case

by incorporating a mechanism that attenuates the highband extension

when the input is likely to be music.
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4.8 Applications of artificial bandwidth extension

The most obvious application of ABE is to improve the quality and

intelligibility of telephone speech, which can be implemented either in

a terminal device or within the network. The work of Miet (2001,

section 6) already investigated the feasibility of integrating the proposed

ABE techniques in a GSM handset. Laaksonen et al. (2005) introduced

an ABE algorithm specifically targeted for AMR-coded speech in varying

noise conditions. Since then, the method and its later versions have

been implemented in several mobile phone models of Nokia. The process

of algorithm development, testing, and real-time implementation in a

mobile terminal is described by Laaksonen et al. (2009). The potential role

of ABE in the deployment of wideband speech in mobile communication

networks is discussed by Jax and Vary (2006).

According to Iser and Schmidt (2008) and Iser et al. (2008), ABE has

been implemented in a hands-free system for the car environment and, in

2008, it was planned to be introduced to the market. Bauer et al. (2010)

also describe the integration of ABE in an automotive hands-free system.

Other application environments are also possible. For example, Härmä

(2007) mentions bandwidth extension in the context of ambient telephony

as one of the potential means to make speech signals appear subjectively

similar regardless of the transmission medium and the far-end terminal

characteristics.

For hearing-impaired people, the recognition of narrowband telephone

speech is significantly more difficult than the recognition of wideband

speech (Hu and Loizou, 2010). A study by Liu et al. (2009) shows that

highband ABE provides a modest but significant improvement in speech

recognition for cochlear implant users. Hu and Loizou (2010) studied low-

frequency regeneration using simulated acoustic and cochlear implant

stimulation and found that low frequency regeneration improves the

intelligibility of telephone speech.

Speech bandwidth extension techniques also have other potential ap-

plication areas than the direct postprocessing of narrowband telephone

speech. For example, speech bandwidth extension techniques can be

utilized for the speech enhancement of wideband speech. Mustière

et al. (2010) propose a technique where the lowband is processed with

traditional speech enhancement methods and the highband is constructed

with bandwidth extension utilizing the spectral envelope of the noisy
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wideband input. Esch et al. (2010) describe a method that combines a

HMM-based ABE technique and a conventional noise reduction method

for the noise suppression of wideband speech.

The artificial bandwidth extension of speech features also has appli-

cations in the domain of automatic speech recognition (ASR). Macho

(2007) and Seltzer and Acero (2005) show that the bandwidth extension

of ASR features can be successfully used to train wideband ASR systems

with narrowband speech, which is beneficial if the amount of wideband

training speech is insufficient. In this application, no audio signal needs

to be generated from the bandwidth-extended feature representation.

Also, the requirement of real-time operation of ABE can be relaxed, which

potentially improves the quality of bandwidth extension.

4.9 Summary

This section started with the motivation for ABE as a means to improve

the quality and intelligibility of narrowband speech and to reduce the

difference between narrowband and wideband speech. The limitations

on the achievable output quality were also discussed. The description

of ABE methods covered the main signal processing techniques proposed

for the bandwidth extension of telephone speech. The ABE problem is

often divided into two subtasks based on the source-filter model: the

extension of the excitation and the extension of the spectral envelope.

The importance of robustness to varying use conditions and input signal

characteristics was also discussed. Finally, existing applications as

well as potential application areas for ABE were presented, the most

important one for this thesis being the application in mobile terminals.

The lengthy description of ABE techniques still does not answer ques-

tions about the output quality obtained by ABE processing. The next

section addresses the quality of speech transmission in general and

especially discusses factors influencing the quality of ABE-processed

speech. The evaluation of ABE is described in section 6.
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5. Perspectives into the quality of
bandwidth-extended telephone
speech

The purpose of speech transmission systems is to reproduce the speech

of a talker at the other end of the transmission chain. Perfect re-

production is not possible due to physical and technical limitations,

such as restricted audio bandwidth, non-ideal characteristics of the

microphone and loudspeaker, and distortions due to the coding of the

speech signal. Such factors degrade the quality of the transmitted speech

signal. Fundamentally, the quality attributed to a speech processing

system is the result of a perception and assessment process of a human

user (Heute et al., 2005).

There are several terms for different aspects of speech quality in relation

to telephony as described by Möller (2000, section 2.2) and Raake (2006,

section 1.2.4). The end-to-end quality or mouth-to-ear quality refer to

the quality of the entire communication link from the talker’s mouth to

the ear of the listener. The term integral quality, on the other hand,

denotes the concept of quality as a totality of various quality components

or dimensions. Overall quality has been used in the literature either as an

equivalent of integral quality or as a synonym for the end-to-end quality.

Furthermore, Raake (2006, section 1.2.4) differentiates between speech

quality, referring to the quality perceived in a conversational situation,

and speech transmission quality, referring to a listening-only situation.

In this thesis, speech quality primarily refers to the subject’s overall

impression of a speech signal in the evaluation situation, which in

Publications I, II, and III is a listening-only situation and in Publications

IV and V a conversational situation.

This section describes the components of speech quality especially in

relation to ABE. The evaluation of the quality of ABE is the topic of

section 6.
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5.1 Factors influencing the speech quality

Möller (2000, section 3.1) lists the following perceptive factors, chosen to

describe the perception of signal-related characteristics that influence the

quality of service in telephone systems:

• Loudness

• Articulation

• Perception of the effects of bandwidth and linear frequency distortion

• Perception of one’s own voice (sidetone)

• Perception of echo

• Perception of circuit noise

• Effects of environmental noise and binaural hearing

• Effects of delay

Krebber (1995, section 5.1) further mentions the naturalness, the rec-

ognizability of speaker-specific characteristics, and the lack of artifacts

among the most important components of speech quality. The most

relevant quality factors related to the bandwidth extension of telephone

speech are discussed in the following sections.

5.2 Loudness

The loudness of an audio signal depends on its sound pressure level and

spectrum in a relatively complex way (Karjalainen, 1999, section 6.4).

Increasing the loudness typically improves speech quality ratings (ITU-

T P.830, 1996; Gleiss, 1997). This is relevant in the context of speech

bandwidth extension because adding energy to missing frequency ranges

naturally increases the loudness.

The loudness difference between wideband (100–7000 Hz) and narrow-

band (300–3400 Hz) speech was evaluated with headphones and a headset

in COM 12-11-E (1993), and an average loudness difference of 5–6 dB

was found. In the preference test reported in COM 12-9-E (1993), for

example, wideband samples were scaled down by 5 dB to compensate

for the subjective level difference. Similarly, the effect of bandwidth

extension on loudness can be compensated for by loudness normalization,

as was done in Publication III, to cancel the effect of loudness on the

overall quality evaluation. Alternatively, increased loudness can be
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regarded as one of the beneficial outcomes of the processing that improves

speech quality as well as speech audibility in noise without requiring

considerable increase in signal amplitude. The latter approach was taken

in the other publications of this thesis.

5.3 Articulation and intelligibility

Intelligibility can be considered at different levels of speech units and in

relation to different amounts of context information. According to the

definitions presented by Möller (2000, section 3.1.2) and Raake (2006,

section 2.1.1.1), the words articulation and comprehensibility refer to

the identification of small spoken units such as phonemes, syllables, or

meaningless words. Articulation describes the ability of a speech link

to transmit information and is a prerequisite for comprehensibility from

the user’s point of view. Intelligibility refers to the identification of

meaningful words or sentences and depends on the lexical, syntactic,

and semantic context. Sometimes, the terms segmental intelligibility

or syllable intelligibility are used as synonyms for comprehensibility.

Communicability, in turn, is a higher-level concept related to the func-

tional aspects of speech communication. Communicability requires a

certain level of intelligibility but also involves other aspects such as the

transmission delay.

Even though the intelligibility of speech is one of the factors influencing

the overall quality, speech intelligibility is often considered and evaluated

separately. In some cases, speech quality and intelligibility can even

be seen as contradictory goals for speech processing. For example,

noise suppression algorithms may improve the perceived quality of noisy

speech but, at the same time, degrade intelligibility. As shown by Hu

and Loizou (2007a,b), algorithms performing best in terms of subjective

overall quality are not necessarily the same as those performing best in

terms of speech intelligibility. Due to this distinction, the intelligibility is

frequently mentioned separately from speech quality in the publications

of this thesis, even though it can be regarded as a component of the overall

quality.

Speech bandwidth extension is supposed to improve the intelligibility

by reconstructing spectral content in the missing frequency ranges to

ease the recognition of speech sounds. However, this requires a success-

ful bandwidth extension method that produces roughly correct spectral
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content in the extension band. The intelligibility evaluation of ABE is

discussed further in section 6.

5.4 Bandwidth

Several experiments have shown that reducing the speech bandwidth

decreases the perceived speech quality. For example, Moore and Tan

(2003) found a progressive decrease in perceived naturalness when the

upper cut-off was decreased from about 11 kHz down to about 3.5 kHz

and a marked degradation of naturalness when the lower cut-off was

increased from 123 Hz to 208 Hz.

The spectral balance between low and high frequencies is also impor-

tant. As stated by Moore and Tan (2003), the lack of naturalness caused

by a high lower cut-off frequency cannot be compensated by changing

the upper cut-off frequency, and the lack of naturalness caused by a low

upper cut-off frequency cannot be compensated by changing the lower cut-

off frequency. According to Voran (1997), extending the bandwidth from

300–3400 Hz to 50–3400 Hz is more beneficial for listener preference than

extension to the range 300–7000 Hz; using the full wideband range 50–

7000 Hz gives the highest scores. The subjective evaluations presented by

Krebber (1995, section 5.3.2) on widening the speech bandwidth indicate

that lowering the lower cut-off frequency becomes more important as the

upper cut-off frequency is also increased.

Figure 5.1 illustrates the effect of the audio bandwidth on the quality

and intelligibility of speech. Among the perceptive factors influencing

speech quality, the perception of bandwidth is naturally the primary

factor to be improved by bandwidth extension. The best spectral balance

is probably achieved if the bandwidth of telephone speech can be extended

both below and above the conventional telephone band.

5.5 Other factors

The telephone speech signal may be corrupted by noise, which has to be

considered in the design of ABE methods. The reliability of the spectral

envelope estimation is degraded if the input features are calculated from

noisy speech (Laaksonen et al., 2009), and the excitation signal generated

from a noisy input signal may also increase the perceived noisiness. On
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Figure 5.1. The effect of audio bandwidth on the quality and intelligibility of speech.
(a) The speech quality measured using the subjective mean opinion score
(MOS) scale is shown for different bandwidth limitations. The passband is
determined by the lower (fl) and upper (fh) cut-off frequency of the bandpass
filter. Data from Krebber (1995, figure 5.6). (b) The syllable articulation of
lowpass and highpass filtered signals is shown as the function of the cut-off
frequency. The syllable articulation is the percentage of correctly identified
meaningless syllables. Data from French and Steinberg (1947, figure 12).

the other hand, a noisy listening environment partly masks possible

artifacts caused by ABE (Laaksonen et al., 2009), and the benefit of

ABE may increase in noisy listening conditions. In this thesis, high

SNR input signals to ABE are mainly considered, with the exception of

Publication IV that discusses noise adaptivity and presents evaluations

under different noise conditions.

Binaural hearing and ABE were investigated by Laaksonen and Vi-

rolainen (2009), who presented a binaural ABE method especially for

teleconference applications. The method extends the bandwidth of a

binaural signal and was found to preserve the localization information.

The total delay has to be taken into account when designing real-

time ABE because too long a delay severely affects conversation. A

mouth-to-ear delay exceeding 150 milliseconds starts to degrade the user

satisfaction according to (ITU-T G.114, 2003), but even smaller delays can

be expected to have some influence on the fluency of conversation.

Some of the speaker-specific characteristics of speech are lost in speaker-

independent ABE processing (Jax, 2002, section 1.3). Consequently,

speaker identification is not likely to be improved by artificial bandwidth

extension. This aspect may not be of primary interest in typical listening

evaluations but may come up more clearly in conversational evaluations

between participants who know each other.
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Finally, the ABE techniques of today are not completely free of artifacts,

and one of the goals of ABE evaluation is to relate the benefits of ABE to

the possible annoyance of occasional artifacts.

5.6 Summary

This section described the concept of quality in speech transmission in

general and in relation to ABE. Factors affecting the quality perception,

such as loudness and bandwidth, were then considered with special

emphasis on factors relevant to ABE. The role of intelligibility was also

discussed as a component of the overall speech quality and as a quantity

that is evaluated separately. The understanding of aspects that influence

the speech quality is important in the evaluation of ABE performance,

which is the subject of the next section.
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Reliable and repeatable methods for speech quality evaluation are needed

to evaluate the performance of speech transmission systems and speech

processing techniques. Performance measures are especially important

for the development and improvement of speech processing methods such

as bandwidth extension algorithms.

According to Möller (2000, section 2.1), speech quality can be regarded

as the result of a perception and assessment process in which the subject

establishes a relationship between what is perceived and what is desired

or expected. The assessment is affected by the user’s motivations,

emotions, and attitudes. Consequently, the evaluation of speech quality is

a perception and judgment process that requires a human subject (Heute

et al., 2005), and true evaluation of speech quality can only be based on

subjective tests in which human listeners evaluate speech signals they

hear. Well-defined auditory methods are available for the evaluation of

the overall quality (Heute et al., 2005), such as listening tests described

in section 6.1.

Unfortunately, subjective evaluations are time-consuming and expen-

sive to arrange. Furthermore, being able to predict the speech quality that

is perceived by the user is important when designing speech communica-

tion systems (Möller, 2000, section 2.1). Therefore, instrumental, signal-

based prediction models for the speech quality have been developed to

serve as faster and less expensive methods to complement or even replace

subjective tests. Such objective methods are described in section 6.2. It is

important to notice that these models approximate the human perception

but cannot predict it accurately.

In this thesis, the speech quality has been evaluated by subjective

listening tests and conversational tests. The term speech quality refers

to the overall impression evoked in the subject by the processing chain
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applied to the speech signal. Different quality dimensions or features

affecting the quality ratings are not explicitly assessed in the subjective

evaluations. Furthermore, evaluations based on the responses of human

subjects are referred to as subjective tests, whereas evaluations based on

computational quality and distance measures are called objective tests.

It is acknowledged that some authors prefer the term auditory instead of

subjective and instrumental instead of objective to better characterize the

measurement principles (Raake, 2006, chapter 2).

This section describes subjective and objective methods that can be used

to evaluate the quality of transmitted speech and especially the effects of

speech bandwidth extension. The results of ABE evaluations are also

discussed.

6.1 Subjective evaluation

Subjective evaluations are the fundamental means of evaluating the

quality of transmitted speech. Arranging a subjective evaluation involves

a large number of design choices that affect the results and have to be

considered carefully to obtain reliable results reflecting the effects that

are of primary interest. For example, the following aspects have to be

considered: the selection of a test procedure, test samples, subject choice,

listening environment, background noise conditions, sound reproduction

equipment, instructions to the listeners, test user interface, presentation

order of test cases, rating scales used for evaluation, statistical analysis

of the results, conclusions to be drawn from the analysis, and reporting

the results. Many of these aspects have been described in detail, e.g.,

by Thorpe (1999) and Bech and Zacharov (2006). Furthermore, Zieliński

et al. (2008) discusses typical biases encountered in quality evaluation

listening tests, such as biases due to affective judgments and differences

between the translations of quality scales between various languages.

Subjective test methods can be classified as utilitarian methods, which

measure the integral quality and employ a unidimensional quality rating

scale, and analytical methods, in which multiple features of speech are

investigated using multidimensional analysis (Raake, 2006, section 2.1).

This thesis mainly considers utilitarian methods.
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6.1.1 Standard listening test types defined by ITU

A number of subjective test types have been standardized by, e.g., the

ITU-T for the evaluation of different aspects of telephone connections.

Standardized test types are of great benefit to the experimenter, who can

rely on a test methodology having been designed by experts and verified

to be applicable to the domain. Also, standardized test methods allow

for comparison between the results of different experiments (Bech and

Zacharov, 2006, section 1.2). However, the development of standards

takes time, and only the key methods needed by the industry are usually

standardized, so standards cannot be expected to be suitable for all

experiments but customized test procedures may be necessary.

Listening tests defined in ITU-T P.800

Several subjective test types for the evaluation of speech signals in

a telephone environment are described in the ITU-T Recommendation

P.800 (ITU-T P.800, 1996). A frequently used listening test type for the

evaluation of the overall quality of transmitted speech is the absolute

category rating (ACR) test that results in the mean opinion score (MOS)

value (ITU-T P.800, 1996). In this test type, subjects evaluate each speech

sample on a discrete five-point scale from bad (1) to excellent (5). The

same test procedure with different opinion scales can also be used to

evaluate, e.g., listening effort and loudness preference.

Small quality degradations can be better evaluated with a pair com-

parison test in which subjects compare processed speech samples to their

reference counterparts. The degradation category rating (DCR) test (ITU-

T P.800, 1996) is a comparison test where the degradation is evaluated

using a five-point degradation scale. The DCR test type offers higher

sensitivity to minor degradations than the ACR test type.

DCR enables the evaluation of quality degradation only. Systems that

may either degrade or improve the quality can be evaluated with another

test type, the comparison category rating (CCR) test (ITU-T P.800, 1996).

Subjects participating in a CCR test compare pairs of speech samples

and evaluate the latter one in each comparison with the first one using

a discrete 7-point scale that ranges from much worse (−3) to much better

(3). The resulting average score is known as the comparison mean opinion

score (CMOS). An example of the user interface for a CCR test is shown

in figure 6.1.
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Figure 6.1. Graphical user interface of a CCR test using the GuineaPig software
(Hynninen and Zacharov, 1999).

Variations of the test procedures specified in ITU-T P.800 (1996) exist.

For example, Thomas et al. (2010) utilized a denser discrete scale with

half-unit steps, normalized the response distribution for each subject, and

presented examples to the listeners with approximate ratings prior to

the test. Gustafsson et al. (2006) utilized a MOS-like scale to rate the

absence of distortion annoyance. Also, the test specification in ITU-T

P.800 (1996) is often not followed exactly as, for example, the modulated

noise reference unit (MNRU) reference samples are omitted.

While the tests specified in P.800 have conventionally been used to

evaluate speech signals with similar audio bandwidth, the experiments

presented by Takahashi et al. (2005) indicate that MOS tests can be

reliably used to compare the subjective quality between different speech

bandwidths. The MOS terminology defined in (ITU-T P.800.1, 2006) also

includes mixed-bandwidth subjective tests. Furthermore, evaluations can

be arranged so that the test signals correspond closely to real narrowband

and wideband telephone speech and the users of mobile telephones

supporting wideband speech would encounter the same difference (Rämö

and Toukomaa, 2005).

ACR tests resulting in MOS scores have been used for ABE evaluation,

e.g., by Epps (2000), Park et al. (2004), Ramabadran and Jasiuk (2008),

Laaksonen et al. (2009), and Thomas et al. (2010), and CCR tests resulting

in CMOS scores have been reported, e.g., by Miet et al. (2000), Miet

(2001), Iser and Schmidt (2003, 2005), Kontio et al. (2007), Laaksonen

et al. (2009), and Pham et al. (2010). DCR tests have been used by

Agiomyrgiannakis and Stylianou (2004) and Thomas et al. (2010) to

evaluate ABE. A corresponding improvement category rating (ICR) test

was arranged by Qian and Kabal (2004) to evaluate the overall quality

improvement of ABE—though the test setting may give biased results,

since experience has shown that the effect of ABE is not always regarded

as an improvement. The subjective quality evaluations in Publications I,
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II, and III of this thesis are based on the CCR test procedure with minor

modifications.

Multiple stimuli with hidden reference and anchor

Another test type called multiple stimuli with hidden reference and an-

chor (MUSHRA) is specified in ITU-R BS.1534-1 (2003) for the subjective

assessment of intermediate audio quality. In a MUSHRA test, several

samples are compared at a time, and the evaluating subject is often

allowed to switch between the test samples on the fly without having

to start from the beginning of the sample. A reference sample with no

degradations is given explicitly, and other samples are assessed relative

to the reference using a scale from 0 to 100. As the name of the test type

implies, one of the evaluated samples is a hidden reference, the same

sample as the reference, and it should be given the maximum rating of

100. Another test sample with a known degree of degradation is included

among the test samples as an anchor. According to the recommendation,

the anchor should be a lowpass filtered version of the unprocessed signal

with a cut-off at 3.5 kHz.

The MUSHRA test type enables a faster quality evaluation of several

processing types than pairwise comparisons following the ITU-T P.800

recommendation. A small number of MUSHRA tests have been arranged

by the author to evaluate ABE methods during their development phase.

The experience of the author suggests that MUSHRA tests may not be

especially sensitive to small differences between the evaluated processing

types. One potential reason for this is the high-quality reference which

may make it difficult to reliably indicate differences between samples of

considerably weaker quality with relatively small differences.

MUSHRA tests have been used for the evaluation of ABE, e.g., by

Cabral and Oliveira (2005), Jax et al. (2006), Kim et al. (2008), and

Park et al. (2011). In some of these publications, the differences between

the evaluated techniques are small and the confidence intervals of the

processing types of primary interest are largely overlapping (Cabral and

Oliveira, 2005; Kim et al., 2008).

6.1.2 Preference tests and similarity tests

Simple preference tests between two processing techniques have been

used to find the preference order of two processing types, e.g., by Enbom

and Kleijn (1999), Fuemmeler et al. (2001), Park et al. (2004), Iser and
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Schmidt (2005), Gustafsson et al. (2006), Kontio et al. (2007), and Kim

et al. (2008). Such a test is also reported in Publication III of this

thesis. Furthermore, the similarity of different speech samples with true

wideband speech has been evaluated with subjective tests by Park et al.

(2004) and also in Publication III of this thesis.

6.1.3 Intelligibility tests

Several subjective test types have been developed for the evaluation of

speech intelligibility. The methods can be categorized according to the size

of speech units to be recognized and the amount of context information

presented to the subjects (Raake, 2006, section 2.1.1.1).

• Articulation tests, such as those described by French and Steinberg

(1947), measure the identification of small units such as syllables and

utilize, e.g., nonsense monosyllabic words.

• The intelligibility of meaningful words is investigated in rhyme tests,

such as the modified rhyme test (MRT) (House et al., 1965).

• Nonsense sentences composed of meaningful words are employed in the

semantically unpredictable sentences (SUS) tests (Benoît, 1990).

• Complete, meaningful sentences are recognized in speech reception

threshold (SRT) tests, where the SNR is adaptively varied during the

test to find the threshold SNR where speech is barely intelligible.

Developing an SRT test is described, e.g., by Vainio et al. (2005).

The effect of ABE processing on intelligibility has been investigated

using SRT tests by Laaksonen et al. (2005, 2009), using meaningless

vowel-consonant-vowel combinations by Bauer et al. (2010), and with a

modified rhyme test by Pham et al. (2010). Furthermore, Liu et al. (2009)

evaluated the effect of ABE on sentence recognition with cochlear implant

users.

Obtaining consistent results in intelligibility evaluations of ABE meth-

ods may be challenging because the output characteristics of bandwidth

extension often vary depending on the speech content. The speech sounds

and the talker have a great influence on the quality and intelligibility of

ABE output. This may influence the convergence of adaptive test methods
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such as the SRT test because the intelligibility may vary from sentence to

sentence.

6.1.4 Conversational tests

Listening-only tests cannot cover all aspects that influence the perceived

quality of telephone connections because the listening context ignores the

interaction between conversation partners. Therefore, methods involving

the conversational context have been developed. The two-way communi-

cation between telephone users is best reflected by conversational tests

that correspond closely to the actual use of telecommunication systems

(Raake, 2006, section 2.1.1.4).

Conversation-opinion tests are described in ITU-T P.800 (1996), and

more detailed test procedures for the conversational evaluations of tele-

phone connections are presented in ITU-T P.805 (2007). The recom-

mendation P.805 presents different types of conversational tasks that

can be used to induce natural conversation between subjects. Typical

questions and rating scales are also provided for the evaluation of the

connection after each conversation. Various test designs, background

noise conditions, and terminal device types are mentioned. Considerable

freedom is left to the test implementer to customize the test setting to the

needs of a particular study. Figure 6.2 illustrates the conversational test

setting described in P.805.

Room A Room B

Network
simulator or
real network

Access
network

Access
network

Figure 6.2. Schematic illustration of test facilities for conversational evaluation. Figure
adapted from ITU-T P.805 (2007).

Conversational tests aim to be close to real telephone conversations

where the participants have to interact with each other and can adapt

their behavior to the characteristics of the communication system in use.

Conversational tests can be used to evaluate the effects of, e.g., delay,

echo, or lost frames on the quality of voice communication, which could

not be assessed with listening-only tests. Conversational tests are the

most valid method for measuring the effect of certain impairments such

as delay (ITU-T P.805, 2007). Unfortunately, conversational evaluations

are very time-consuming and expensive to arrange. They may also be less
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sensitive than listening-only tests because subjects have to to concentrate

on the conversation in addition to the quality assessment.

Due to these limitations, conversational tests are much less commonly

used than listening tests. An example of a conversational test is the

evaluation of the AMR and AMR-WB codecs in a packet switched network

by Taddei et al. (2004). Speech bandwidth extension methods have

usually been evaluated with objective measures, informal or formal

listening tests, but not with conversational tests. To the knowledge of

the author, the first published conversational test of speech bandwidth

extension is the evaluation of ABE with the speaker-phone mode of

mobile devices in a car environment presented by Laaksonen et al. (2011).

Publications IV and V of this thesis report two conversational evaluations

of ABE.

6.1.5 Statistical analysis of test results

The responses collected in a subjective evaluation need to be analyzed

with statistical analysis methods to assess whether the effects suggested

by the mean scores are statistically significant, i.e., unlikely to have

occurred by chance. Often, the mean score of a comparison is presented

together with its standard deviation or a confidence interval (CI) to

indicate the amount of uncertainty.

Additionally, hypothesis tests are used to determine whether, e.g., two

MOS values obtained in an ACR test are significantly different or if the

CMOS value obtained in a CCR test indicates significant preference. For

this purpose, t tests are often used as described in 3GPP TS 26.077 (2011)

for both ACR and CCR tests.

If several processing techniques or several independent variables (such

as processing type and noise environment) are considered in a single eval-

uation, the results can be analyzed using analysis of variance (ANOVA)

techniques. Post-hoc tests such as the Tukey’s honestly significant

difference (HSD) test can then be used to determine the significant

differences in the mean values.

6.2 Objective evaluation

Subjective evaluations are time-consuming and expensive to organize. Es-

pecially in the development phase of speech processing algorithms, quick
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methods to predict the speech quality are useful. Therefore, a number

of objective distance measures and quality estimation methods have been

developed. This section describes such objective evaluation methods and

mainly concentrates on techniques applicable to the evaluation of ABE

techniques.

6.2.1 Distance measures

Degradations in speech signals can be assessed using straightforward

objective, computational measures. Most of such techniques require the

original high-quality speech signal as a reference, and the distortion

measure is then computed by comparing the signal to be evaluated with

the reference.

The logarithmic spectral distortion (LSD) measure (Gray and Markel,

1976; Gray et al., 1980) is based on comparing short-time spectral en-

velopes and is commonly used for ABE evaluation (Cheng et al., 1992;

Yoshida and Abe, 1994; Chan and Hui, 1997; Epps and Holmes, 1999;

Epps, 2000; Jax and Vary, 2003; Qian and Kabal, 2003; Park et al., 2004;

Hu et al., 2005; Seltzer et al., 2005; Unno and McCree, 2005; Vaseghi

et al., 2006; Yao and Chan, 2006; Yağlı and Erzin, 2011). The LSD

measure dLSD is computed using the formula

dLSD =

√√√√ 1

π

∫ ωh

ωl

(
20 log10

g

|A(ejω)| − 20 log10
ĝ

|Â(ejω)|

)2

dω dB, (6.1)

where ωl and ωh are the lower and higher cut-off frequencies, respectively,

of the examined frequency range; g and 1/|A(ejω)| are the gain and the

spectral envelope of the original wideband signal, respectively; and ĝ and

1/|Â(ejω)| are the gain and the spectral envelope of the reconstructed

signal. For the evaluation of bandwidth extension, the distortion is often

calculated only over the extension band. The spectral envelope models

are typically based on linear prediction and calculated from short frames

of 10–30 milliseconds. The LSD measure can also be computed from

cepstral coefficients (Jax, 2002, section 4.1.3; Bauer and Fingscheidt,

2008). Finally, the average or the root-mean-square (RMS) of the LSD

measure is calculated over all frames of the signal to be evaluated.

Sometimes, the percentage of large errors (outliers exceeding, e.g., 10 dB)

is also reported as an indication of the amount of gross estimation errors

(Chan and Hui, 1997; Qian and Kabal, 2004; Yao and Chan, 2006; Bauer

and Fingscheidt, 2008). Since the human perception of loudness is

approximately logarithmic, the LSD measure is perceptually relevant, but
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it does not take the perceptual masking effect into consideration (Rabiner

and Juang, 1993, section 4.5.1). Spectral distortion can also be computed

from the short-term magnitude or power spectra (Kontio et al., 2007;

Vaseghi et al., 2006), but in this approach, local dips in the FFT spectra

may cause large error values that do not correspond to human perception

(Rabiner and Juang, 1993, section 4.5.1).

While the LSD measure is commonly used for the objective evaluation

of ABE methods, other computational distortion measures have also been

applied. The symmetric Kullback-Leibler (SKL) distance (Veldhuis and

Klabbers, 2003) was used by Agiomyrgiannakis and Stylianou (2007) as

a better alternative to spectral distortion, and it was stated to reflect

perceptual differences between spectral models. Finally, according to

Nour-Eldin and Kabal (2009), the Itakura-Saito distortion (Gray and

Markel, 1976; Gray et al., 1980) is more appropriate for evaluating the

spectral reconstruction in bandwidth extension than the LSD measure.

In this thesis, Publication I includes an objective evaluation of highband

ABE using both the FFT-based LSD measure and another measure mod-

eling the human perception more accurately. The latter measure is based

on the work of Johnston (1988) and Riionheimo and Välimäki (2003),

and it simulates the frequency masking effect as well as the frequency-

dependent sensitivity of hearing. In Publication III, the bandwidth

extension of voiced speech to low frequencies is evaluated with two simple

objective measures suitable for the low-frequency range: the difference

in low-band energy and the difference in harmonic amplitudes compared

with those in a wideband reference signal.

6.2.2 Methods modeling the human perception

Objective measures have also been developed to estimate the quality

ratings that human subjects would give to a system under evaluation.

Such instrumental measures are especially useful for frequent tests

during a system development phase.

An example of an instrumental measure estimating the overall quality

of speech in terms of MOS values is the perceptual evaluation of speech

quality (PESQ) defined in ITU-T P.862 (2001). PESQ compares the

original speech signal with the degraded signal utilizing both a perceptual

model and a cognitive model. The perceptual model is used to transform

both the original and the degraded signal into an internal representation

that corresponds to the psychophysical representation of an audio signal
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in the human auditory system. The internal representations are then

compared, and error parameters computed in the cognitive model are

combined into a single output value representing the listening quality

MOS. PESQ has been designed to predict the subjective quality of nar-

rowband telephony, but the wideband extension of PESQ (ITU-T P.862.2,

2007) allows the method to be applied to wideband audio systems as well.

PESQ has been used to evaluate speech bandwidth extension by Vary and

Geiser (2007), Nishimura (2009), Nour-Eldin and Kabal (2011), and Yağlı

and Erzin (2011). However, according to Iser et al. (2008, chapters 6–7),

PESQ is not well suited for the evaluation of ABE signals.

The successor of PESQ, ITU-T P.863 (2011), was approved by ITU-

T in 2011. P.863 is an objective model to predict the listening qual-

ity of telecommunication scenarios ranging from narrowband to super-

wideband frequency ranges.

PESQ and P.863 are intrusive methods that require the original signal

as a reference. Non-intrusive methods requiring no reference also exist.

Such methods are practical, e.g., for monitoring the speech quality in

a telephone network, but the accuracy of quality prediction is inferior

to that of intrusive methods (Bech and Zacharov, 2006, section 1.3). A

non-intrusive method for speech quality estimation is described in ITU-T

P.563 (2004).

Objective measures such as PESQ or P.863 have limitations: they have

limited applicability to degradations not taken into account during the

model development, they typically do not characterize the reasons for the

MOS estimates they generate, and they do not necessarily estimate the

human quality ratings in a consistent way (Heute et al., 2005).

6.2.3 Objective evaluation based on quality dimensions

Another approach to the objective evaluation of telephone speech quality

is based on analyzing specific quality-related characteristics of speech

signals (Heute et al., 2005). The quality dimensions affecting the per-

ceived quality of telephone speech were examined by Wältermann et al.

(2010) using similarity scaling and attribute scaling experiments and

subsequent transformations of the responses to a low-dimensional repre-

sentation. The following dimensions were identified both for narrowband

and wideband speech transmission: “discontinuity”, “noisiness”, and

“coloration”. An additional dimension, “high-frequency distortion”, was

found for the wideband scenario. Such quality dimensions provide a

95



Evaluation of artificial bandwidth extension

means to analyze the reasons for quality judgments. As the physical

correlates of the perceptual dimensions are determined, as described, e.g.,

by Scholz et al. (2008), an instrumental quality measure can be calculated

as a combination of the dimensions to form an overall quality index.

Interestingly, the research on perceptual dimensions of wideband

speech quality reported by Wältermann et al. (2010) revealed that the

dimension called “high-frequency distortion” was especially related to the

bandwidth-extended samples in the study. Even though the study utilized

the early ABE method by Carl and Heute (1994), this finding indicates

the specific nature of artifacts caused by ABE processing that can be

characterized as “lisping”, “creaking”, and “rattling” (Wältermann et al.,

2010).

6.3 Summary of ABE evaluation results

6.3.1 Subjective listening quality

Most of the subjective quality evaluations have indicated that ABE

improves the perceived quality relative to narrowband speech, but the

quality of true wideband speech is clearly higher (Fuemmeler et al., 2001;

Ramabadran and Jasiuk, 2008; Pham et al., 2010). However, the prefer-

ence between narrowband and wideband speech is not unanimous, and

response distributions often show two peaks, one in favor of bandwidth-

extended speech and another smaller one in favor of narrowband speech

(Iser and Schmidt, 2005; Pham et al., 2010).

Exceptionally poor subjective results for ABE speech were obtained in

the study of Gustafsson et al. (2006), which indicated that none of the

three evaluated ABE processing types were preferred over narrowband

speech. Gustafsson et al. speculate that the preceding listening test,

which evaluated distortion, may have directed the subjects’ attention

to distortion effects and influenced the results of the preference test.

The evaluation presented by Thomas et al. (2010) also showed only a

minor improvement in overall quality for the best of the evaluated ABE

techniques involving both lowband and highband extension, and the

authors assume that lowband artifacts may be especially detrimental to

perceived quality.
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The work by Thomas et al. (2010) evaluated the subjective effect

of ABE processing with three questions, ’foreground’ (speech quality),

’background’ (artifact tolerance), and the overall impression, following

the approach described for the evaluation of noise suppression algorithms

in ITU-T P.835 (2003). The results indicated that the evaluated ABE

processing methods improved the foreground rating at the expense of a

degraded background score. This finding is in line with the experience

gathered during this thesis work.

Even though the mean quality scores of artificially bandwidth-extended

speech are typically higher than those of narrowband speech, the quality

of ABE-processed speech is still far from that of true wideband speech.

Typical problems of highband extension include inconsistent sibilant

sounds, lisping, metallic timbre, and occasional artifacts (Jax, 2002, sec-

tion 1.3). Similarly, lowband extension often suffers from an impression of

another simultaneous talker (Jax, 2002, section 3.5), low-frequency noise

and buzzing (Thomas et al., 2010), as well as occasional artifacts and

fluctuating lowband level as described in Publication III of this thesis.

6.3.2 Intelligibility

The intelligibility of ABE-processed speech was evaluated with SRT tests

by Laaksonen et al. (2005, 2009). Highband ABE was found to improve

the intelligibility relative to narrowband speech in all three examined

noise types, and ABE-processed speech was even reported to exceed

the intelligibility of wideband speech in speech-shaped noise (Laaksonen

et al., 2005). Furthermore, increasing the amplitude level of the extension

band was found to improve the intelligibility (Laaksonen et al., 2009).

The effect of ABE on the speech quality and intelligibility was evaluated

by Bauer et al. (2010) with meaningless vowel-consonant-vowel combina-

tions in car noise at two SNR levels. A significant reduction of phoneme

error rate was achieved with bandwidth extension, but the speech quality

ratings did not show a notable improvement in a low-SNR condition. The

results of the modified rhyme test (MRT) reported by Pham et al. (2010)

indicate that ABE improves speech intelligibility in different levels of

babble noise. Finally, Liu et al. (2009) evaluated the sentence recognition

of narrowband, bandwidth-extended, and wideband speech with cochlear

implant users and found a small but significant improvement that was,

however, highly dependent on the subject.
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6.3.3 Conversational quality

Laaksonen et al. (2011) arranged a conversational evaluation of ABE in

a car environment using the speaker phone mode of mobile terminals.

The results showed significant preference for ABE processing over nar-

rowband speech.

6.3.4 Objective measures

A common rule of thumb for the quantization of LPC-based spectral

envelope parameters in speech coding states that transparent speech

quality is achieved if the average LSD value is no more than 1 dB and

the number of outliers is small (Paliwal and Kleijn, 1995; Jax, 2002,

section 4.1.3). Jax (2002, Appendix A) reports measurements indicating

that a nearly transparent quality can be achieved with wideband codecs

even with sub-band LSD measures of more than 2 dB in the low-frequency

band (50–300 Hz) and more than 3 dB in the high-frequency band (3.4–

7 kHz). Such low distortion measures are difficult to obtain for the

spectral envelope estimation techniques used for ABE. For example,

the experimental evaluation of spectral envelope estimation presented

by Jax (2002, section 6.5) shows RMS LSD errors of about 7 dB for

the highband and about 6 dB for the lowband in the case of speaker-

independent training. Qian and Kabal (2004) state that highband spectral

error achieved with ABE is typically around 6 dB and varies by 1–2 dB

depending on estimation parameters. However, the LSD error does not

necessarily reflect the perceptual quality reliably. According to Qian and

Kabal (2004), high-quality reconstructed speech can be achieved even

with an RMS LSD of 6 dB for the highband.

In the study by Nour-Eldin and Kabal (2011), the MOS values estimated

with PESQ for highband extension are about 3.0–3.3 on the scale from 1

(bad) to 5 (excellent).

6.3.5 Quality comparisons between ABE methods

True telephone speech occurring in mobile communications is band-

limited with passband characteristics that are not exactly known in

advance, often corrupted by ambient noise in the talking environment,

encoded and decoded with a speech codec, and often reproduced in a noisy

environment with a mobile handset employing a small loudspeaker. All
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these degradations affect the bandwidth extension task. ABE evaluations

presented in the literature vary in a number of details including the

simulation of telephone speech. For example, Fuemmeler et al. (2001)

evaluated ABE on band-limited clean speech without coding, whereas

Park et al. (2004) utilized band-limited speech (300–3400 Hz) coded with

a CELP coder, and Pham et al. (2010) applied an IRS send filter and no

speech coding. Qian and Kabal (2004) report quality improvement for

ABE in combination with several standard codecs, but using a rating scale

that allows only the assessment of improved quality. Thus, arranging

evaluations involves a large number of variables, and the results of

different evaluations often cannot be compared directly.

Literature on ABE lacks a comprehensive comparison between state-

of-the-art methods proposed by different research groups in a single

evaluation. An exception is the study of Gustafsson et al. (2006) that

includes a subjective preference comparison between three ABE methods

provided by different authors. Additionally, different approaches for the

ABE task have been compared with subjective tests, e.g., by Fuemmeler

et al. (2001), Iser and Schmidt (2003), Cabral and Oliveira (2005), Kim

et al. (2007, 2008), Thomas et al. (2010), and Laaksonen et al. (2011).

In the articles of this thesis, comparisons between two highband ABE

methods have been presented in Publications II, IV, and V using the

method proposed by Laaksonen et al. (2005) or by Laaksonen et al. (2011)

as a baseline for comparison. Additionally, Publication III presents a

low-frequency ABE method and includes a small-scale quality comparison

with the lowband ABE technique described by Kornagel (2001, 2006).

Organizing a wider evaluation of several state-of-the-art ABE methods

developed by different research groups would require a considerable

amount of effort and co-operation but would certainly be useful for the

community.

6.4 Summary

This section discussed subjective and objective methods for the evalu-

ation of ABE. Subjective test types can be categorized as listening-only

tests and conversational tests, and different test procedures have been

developed for the evaluation of the overall speech quality and speech

intelligibility. A number a test types standardized by ITU-T are suitable
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for ABE evaluation. Objective evaluation methods were also presented,

such as simple distance metrics and more advanced techniques modeling

human perception. Finally, a summary of ABE evaluation results was

presented, including results reported for both subjective and objective

evaluation methods.
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7. Summary of publications

This section summarizes the publications in the thesis.

Publication I: “Evaluation of an artificial speech bandwidth
extension method in three languages”

In Publication I, an ABE method was evaluated using listening tests

in three major languages: English, which is one of the most widely

spoken languages in the world, Russian, which has a rich set of fricative

sounds, and Mandarin Chinese, which is a tonal language and has the

largest number of native speakers among the world’s languages. The

ABE method examined in the study was introduced by Laaksonen et al.

(2005) and described in more detail in the present article. A CCR

test was arranged in each language to compare the speech quality of

three processing types simulating realistic cellular telephone connections:

narrowband speech coded with the AMR codec (12.2 kbps), AMR-coded

narrowband speech processed with the ABE method, and wideband

speech coded with the AMR-WB codec (12.65 kbps). About 20 native

speakers of each language participated in the listening tests. The

results of the evaluation indicated that ABE was rated better than

the narrowband reference on average in all three languages. However,

true wideband speech was considered superior to both narrowband and

bandwidth-extended speech. In general, the results were similar in all

three languages, but the differences in scores between the processing

types were smallest in Mandarin Chinese. Figure 7.1 illustrates the

summary scores of the evaluated processing types separately for each

language.

The long-term average spectra of the listening test samples were also

computed for each processing type in all three languages. Furthermore,
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Figure 7.1. Preference order of the evaluated processing types in three languages. Mean
scores and 95-percent confidence intervals are shown.

for the English test samples, the difference between the original wide-

band speech and bandwidth-extended speech in the extension band was

analyzed separately for different categories of speech sounds using two

distance measures: the conventional LSD and a measure simulating hu-

man perception by means of masking threshold estimation and frequency-

dependent sensitivity. The largest errors were found in fricative sounds.

To the knowledge of the authors, Publication I was the first to report a

formal subjective evaluation of ABE in several languages.

Publication II: “Bandwidth extension of telephone speech using a
neural network and a filter bank implementation for highband mel
spectrum”

Publication II introduces the filter bank-based ABE (FB-ABE) method

that extends telephone-band speech to the highband at 4–8 kHz. An

excitation signal for the extension band is generated by spectral folding

from a post-filtered linear prediction residual signal. A set of features

is calculated from the narrowband input signal, and a neural network,

trained with a genetic algorithm, is employed to estimate the energies

of four mel bands in the extension band. The highband excitation

is divided into four sub-bands with a filter bank and the sub-bands

are weighted so that their sum approximately realizes the estimated

highband mel spectrum. The signal path of the method is completely

based on time-domain processing, and both the input features and the

highband parameterization make use of the perceptually motivated mel

scale.
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The output quality of the FB-ABE method was evaluated with a subjec-

tive test in comparison with narrowband speech, wideband speech, and

the earlier ABE method evaluated in Publication I, which is referred to as

the reference ABE (Ref-ABE). FB-ABE was found to provide improved

quality compared to narrowband speech and to the Ref-ABE method,

but true wideband speech was considered clearly better. Another test

was arranged for a pairwise comparison between FB-ABE and Ref-ABE,

and the results indicated significant preference for the proposed FB-ABE

method. Figure 7.2 shows spectrograms of a speech segment processed

with FB-ABE and Ref-ABE and, for comparison, the spectrogram of the

original, unprocessed utterance.
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Figure 7.2. Spectrograms of a speech segment processed with the evaluated methods
FB-ABE and Ref-ABE. Additionally, a spectrogram of the original wideband
speech signal is shown for comparison.

Publication II presents a unique combination of techniques for speech

bandwidth extension as well as discusses observations and design choices

made during the development process. Subjective evaluations indicate

that the method provides a higher speech quality than the ABE method

evaluated in Publication I.
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Publication III: “Bandwidth extension of telephone speech to low
frequencies using sinusoidal synthesis and a Gaussian mixture
model”

Publication III discusses ABE to low frequencies below 300 Hz, which is

the lower limit of the conventional telephone band. The low-frequency

range has a small effect on speech intelligibility but affects the quality

and naturalness of speech. The article presents the lowband ABE (LB-

ABE) method for the low-frequency bandwidth extension of AMR-coded

telephone speech. The method estimates the energy in the lowband

region (0–300 Hz) using spectral features of the telephone band and a

GMM-based predictor. Low-frequency content is generated by means

of sinusoidal synthesis utilizing the fundamental frequency estimate

obtained from the AMR decoder. In particular, the proposed method

adapts the lowband synthesis to the low-frequency characteristics of the

input signal. The phases and amplitudes of the synthesized sinusoids are

adjusted depending on the corresponding phases and amplitudes observed

in the narrowband input signal. This adaptation is beneficial because the

passband characteristics of telephone connections may vary largely. The

effect of the proposed method on the spectrum of a voiced speech segment

is shown in figure 7.3.
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Figure 7.3. Effect of low-frequency bandwidth extension on the spectrum of a voiced
speech segment. The magnitude spectra of narrowband input speech (NB),
bandwidth-extended speech (LB+NB), and true wideband speech (WB) are
shown up to 1000 Hz.

The proposed lowband extension method was evaluated in combination

with the highband extension method described in Publication II. The

results of the subjective tests showed that the lowband extension did not

show a statistically significant effect on subjective quality but reduced the

difference to true wideband speech. Furthermore, the proposed method

was compared with the low-frequency bandwidth extension technique
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described by Kornagel (2006). The proposed method was found to yield

higher subjective preference and lower objective error values than the

reference.

Publication IV: “Conversational quality evaluation of artificial
bandwidth extension of telephone speech”

Publication IV presents conversational evaluations of ABE. Previously,

ABE methods were almost exclusively evaluated with objective, computa-

tional measures and subjective listening-only tests. However, conversa-

tional tests enable the assessment of a telephone connection in a setting

that aims to be close to authentic voice communication. Unfortunately,

conversational tests are time-consuming and therefore rarely used.

In the study reported in Publication IV, two conversational evaluations

of ABE were arranged. Figure 7.4 illustrates the test setting of the

evaluations. The first evaluation followed the guidelines given in ITU-T

P.805 (2007). In each test, two subjects carried out interactive conversa-

tion tasks using headsets and a simulated telephone connection. After

each conversation, both subjects evaluated the connection by answering

questions about speech quality, difficulty of talking or hearing, and effort

of understanding the speech. Four connection types were evaluated: a

narrowband reference using the AMR codec, a narrowband connection

with ABE1 processing, a narrowband connection with ABE2 processing,

and a wideband reference using the AMR-WB codec. ABE1 is the method

described by Laaksonen et al. (2011) and based on the method evaluated

in Publication I. ABE2 refers to the method proposed in Publication II.

Three noise conditions were presented in one of the test rooms: silence,

cafeteria noise, and street noise. In the second test type, one of the

two subjects compared two different connection types, A and B, during

each conversation and indicated the preferred connection type after the

conversation. The same four connection types as before were compared

pairwise in silence and in street noise. Altogether, 34 tests were arranged,

each lasting about 1.5 hours and requiring two subjects.

The results of the first evaluation indicated that the quality of ABE2

was considered higher than that of narrowband speech in the room where

background noise conditions were introduced. Also, ABE2 reduced the

effort needed to understand female voices in the room with background

noise compared to the narrowband connection. The second evaluation
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Figure 7.4. Schematic illustration of the conversational test facilities. Background noise
is reproduced with loudspeakers in Room 1. In the second test type, Subject 1
selects between two connection types using the A/B switch, which is shown
in figure 7.5.

indicated that ABE2 was preferred over ABE1. Furthermore, pairwise

comparisons between the ABE2 connection and the narrowband connec-

tion in street noise showed preference for ABE2. In both evaluations,

the wideband connection was found to be superior to the rest of the

connection types. In summary, conversational evaluations of two ABE

methods showed that the ABE2 method presented in Publication II was

found beneficial in a realistic conversation situation.

Publication V: “Conversational evaluation of speech bandwidth
extension using a mobile handset”

Publication V presents another conversational evaluation of two ABE

methods. A mobile handset was used for conversation at one end of

the evaluated connection in this study. In each test, two subjects

carried out interactive conversation tasks between two test rooms using

a simulated telephone connection. One of the subjects used a mobile

handset with a wired microphone and earpiece for conversations. Half

of the conversations were held in a silent environment, whereas the other

half involved a street noise environment reproduced with a multi-channel

loudspeaker system in one of the test rooms. The subject using the

mobile handset switched between two different connection types during

each conversation and indicated the preferred connection type after the

conversation. Figure 7.5 shows the A/B switch for real-time switching

between two connection types and the handset used for the evaluation.

The evaluation comprised pairwise comparisons between four connec-

tion types in both noise environments. Two of the connection types

transmitted AMR-coded narrowband speech and utilized ABE processing

at the receiving end. The ABE methods in these connection types

106



Summary of publications

Figure 7.5. A/B switch for switching between two connection types during conversation,
and the mobile handset with a wired microphone and loudspeaker.

are called ABE1 (Laaksonen et al., 2011) and ABE2 (Publication II).

Additionally, an AMR-coded narrowband connection and an AMR-WB-

coded wideband connection were included as references.

The results of the evaluation indicated that the ABE2 connection was

preferred over the narrowband connection in pairwise comparisons. The

true wideband connection was found to be superior to the other connection

types. In general, the results were similar for female and male talkers and

in silence and street noise conditions.

Publication V presents a conversational evaluation of ABE in a test

setting that is closer to the authentic use of a mobile handset than

earlier evaluations of ABE. The results of the study indicate that the

ABE method presented in Publication II improves the user preference

over narrowband speech on average in realistic use conditions of mobile

phones.
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8. Conclusions

The specifications of the wideband speech codec for mobile communica-

tion, the AMR-WB codec, were published more than 10 years ago in 2001,

and a number of research papers on the artificial bandwidth extension

(ABE) of telephone speech have been published since the early 1990s.

Despite the lengthy time span and the rapid development of mobile

communications in general, ABE research may be even more relevant now

than before. In the last couple of years, mobile operators have begun to

provide wideband speech services in an increasing number of countries

and networks. Consequently, telephone users are starting to encounter

the quality gap in speech not only between narrowband and wideband

calls but also during calls due to possible switching between narrowband

and wideband coding. Reducing the perceived differences in telephone call

quality due to varying bandwidth is expected to be the most important

application of ABE in the near future.

This thesis contributes to the development and evaluation of ABE,

especially for its application in mobile phones. The thesis discusses solely

ABE that does not utilize additional side information and is therefore

compatible with the existing narrowband speech transmission systems.

The viewpoint adopted in the work is practical and closely related to

the realistic implementation and use of ABE in mobile communications.

New techniques for bandwidth extension are introduced for the frequency

ranges both above and below the conventional telephone band. For

highband extension, a method called filter bank-based ABE (FB-ABE)

comprising a new combination of techniques is presented in Publication

II. Bandwidth extension towards low frequencies is discussed in Pub-

lication III. The proposed lowband ABE (LB-ABE) method attempts

to make use of the potentially existing low-frequency content in the

input signal. The practical limitations of real-time implementation
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of ABE methods in mobile devices, such as low delay and reasonable

computational complexity, are taken into account in the design of the

algorithms. In addition to describing the design choices adopted in the

presented ABE methods, experience gained in numerous experiments

with various algorithmic solutions are also reported in the publications.

In addition to the development of ABE algorithms, a major focus in

this thesis is on the subjective evaluation of ABE. An extensive three-

language evaluation of ABE was organized and reported in Publication

I. The methods proposed in Publications II and III were also evaluated

primarily with subjective listening tests. These evaluations utilized test

signals that simulated telephone speech including realistic frequency

band limitations as well as speech codecs commonly used in cellular

telephone systems. Some real-life degradations were intentionally not

included in the tests: possible effects of the telephone network such as

lost frames or transmission errors were not incorporated, and tests only

involved high SNR conditions. High-quality headphones were used for

listening.

Furthermore, conversational evaluations of simulated telephone con-

nections involving real-time ABE processing were arranged in different

noise conditions using headsets, as described in Publication IV, and a

mobile handset, as described in Publication V. To the knowledge of

the author, the authors of these publications were the first to report

conversational evaluations of ABE, starting with the small-scale study

described by Laaksonen et al. (2011).

As shown in this thesis, ABE can improve the quality of narrowband

speech in general, and it can also decrease the perceptual difference with

wideband speech. ABE processing is also implementable in real time with

a low delay. As a consequence of such findings, ABE techniques have

been commercially deployed in several mobile phone models of Nokia.

However, the overall quality of artificially bandwidth-extended speech is

still far from that of true wideband speech. According to the subjective

evaluations presented in this thesis, the benefits of a carefully designed

highband extension technique outweigh the degradations on the whole,

but the preference is not unanimous in all situations and for all speakers

and listeners.

Experiences with ABE development suggest that the quality gain of

completely artificial bandwidth extension cannot be stretched much far-

ther without fundamentally new ideas and approaches. One potential
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future direction could be an extensive emphasis on adaptation to, e.g.,

speaker-dependent characteristics and the properties of the telephone

connection. Approaches and techniques could possibly be adopted from

the field of automatic speech recognition.

In the publications of this thesis, ABE methods are mainly evaluated

with subjective listening tests and conversational tests. These are the

most relevant evaluation methods because the goal of ABE is to produce

output speech of high quality as perceived by human listeners. Simple

objective measures, such as the LSD, are also commonly used, but they

are known to have only a limited correlation with human perception.

More complicated instrumental measures that model the human hearing,

such as the PESQ, have also been utilized for ABE evaluation by some

authors. However, PESQ has been reported not to be suitable for the

evaluation of ABE-processed speech (Iser et al., 2008, chapter 6), and

more research on the applicability of such instrumental models on ABE

is needed. Overall, research in the field of speech bandwidth extension

would benefit from an instrumental quality measure that would provide

reliable quality estimates and be easily accessible.

A number of researchers have contributed to the development of ABE

of telephone speech. Since the early 1990s, a multitude of approaches

and complete algorithms have been proposed. The level of evaluation has

varied from observations based on informal listening and simple objective

metrics to extensive subjective tests. Unfortunately, comparisons between

methods from different authors have rarely been reported. A comprehen-

sive comparison of state-of-the-art methods would be an interesting topic

of future study and beneficial for ABE research.
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