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Introduction

AEVS Codec

ASpeech and audio codec for the next generation of
(mobile) telephony and communication

ARepresentation of audio content up to 20 kHz audio
bandwidth

ADesigned for high quality and efficient coding of speech,
music and mixed content

Alncludes high coding efficiency and enhanced patte
concealment for challenging channel conditions

AA New level for useexperience for all channel conditions
AStandardization finalized in 3GPP end of 2014

Aln Deployment since 2015
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Workshop Overview

APart 1: Introduction
A 3GPP Standardization
A General Overview over codec, features
A Deployment

APart 2: Performance, Application Scenarios, Demos
A Test results and user experience
A Demos underlying the results

APart 3: Coding of Speech in EVS

A Overview over speeeboding part in EVS
A Advancements over previous standards

APart 4: Coding of Mixed/Music Content in EVS

A Overview over transforacoding part in EVS
A Advancements over previous standards

ASummary, Conclusions
AQuestions
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Part 1:
Introduction

presented by Stefan Bruhn, Ericsson AB
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Part 1: Outline

ABackground of the 3GPP work item

AContext of EVS within the mobile network
generations

A3GPP standardization process

AGeneral overview over codec, block diagram, main
features, operating points

ADeployment
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Evolution of voice Service

Traditional (narrowband)
voice service

A World wide deployment in

mobile and fixed networks

WA BEaC DM S DR

HD .f ~.

A 164 mobile operators commercially
launched HD voice in 88 countries Narrowband AMR Wideband AMR

U 130 operators on 3G/HSPA networks
U 17 operators on 2G/GSM networks \
U 63 operators in 35 countries on LTE 0 300 2200

7000
networks VoL THHD service) Frecusncy (Hz)

A 30% more mobile operators offering
HD voice than a year akjo

A More than 300 HD voice phones launchg

> GSA May 201bttp://gsacom.com/download.php?id=2987
™ GSA Sept 2014ktp://www.gsacom.com/news/gsa_415.php
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HD voice successful operator business

Orange first in the world to launch mobile HD voice in 2009
Orange HD voice launched in 17 networks

Orange studies shoW:

86% of testers say
tisfied with voice would be a would be prepared
aresd S:ﬁ = "}}" selection criterion when to change mobiles
hasi. bile i . .
HD Voice calls — “;fr;r:ﬂ e to obtain HD Voice

Furtherstudiesshowthat HDvoice

A Leads to improved user satisfactitrat canturn into revenueeither
A Directlyby chargingmonthly fee or perminute charge), or
A Indirectlydueto reducedchurn

)* GSA Nov 201Bttp://www.gsacom.com/downloads/pdf/GSA mobile_hd voice 031115.php4
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EVS. Enhanced Voice Services

A The next generation telecom voice codec for voice and music
A ForVoLTH4G)
A Standardization for 3G ongoing
A Standardized in 3GPP
A Maintain 3GPP voice services cutting edge
A Next level of HD voice
A Smooth migration from HD voice to EVS
A Interoperability with AMRWB
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Audio bandwidth for mobile voice servic

EVS

-~ Fullband

¢— Super Wideband —m—m— m—————
€—— \Wideband ————>

& Narrowband =>
50| 300 3400 7000 14000
Frequency [HZz]
Lower Area Mid Area Upper Area
more naturalsound, More natural voice, Natural sound and
presenceand comfort better understanding and high quality music

voice recognition
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3GPP Standardization

A 3GPP = 3rd Generation Partnership Project
A 3GPP is the creator of the globally available 3G,
4G and 5G mobile communication standards
A 3GPP unites sevaalecommunications standard
development organizations, the organizational

partners
A ARIB, ATIS, CCSA, ETSI, TSDI, TTA, TTC

A 3GPP has four Technical Specifications Groups

A GLOBAL INITIATIVE

(TSG): i
A Radio Access Networks (RAN) atls"é
A Service & Systems Aspects (SA) wan) —
A Core Network & Terminals (CT) HRIB <
A GSM EDGE Radio Access Networks (GERAN) AP0 A
A{! 2D n a4/ 2RS0¢ o6{!'nv — o
A deals with speech, audio, video, and multimedia TI ETSI /7 T
codecs o ‘\\\%///\
A 3GPP TSG SA WG 4 is the creator of the o e

AT tsds

(KOREA) {INDIA}

codec standard
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Standardization Phases

A Study item phase (2062010)
A Use cases and requirements for enhanced voice codecs (TR 22.813

AWork item phase (201:2014)

A Definition of Terms of Reference
A Design constraints
A Performance requirements

A Qualification
A Reducing number of candidates from 13 to 5, followed by
A Decision to submit a single codec candidate for selectior

A Selectionwith (upfront) agreed criteria
A Deliverables
A Selection rules
A Assessing fulfilment of

A Subjective and objective performance requirements
A Design constraints

A Verification

A Crosschecking important parameters
A Characterization

A Evaluation of particular codec properties untested in selection

A Specification Maintenance
AFormal 3GPP Change Request (CR) procedure

Z Fraunhofer
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Performance Requirements

Requirements defined in relation to statef-the-art reference codecs

A Subijective requirements A Reference codecs
A Input signal categories standardized by 3GPP
A clean speech and ITUT

A noisy speech

A car, street, office noise A AMR
A music and mixed content A AMRWB
A VAD/DTX on/off A AMRWB+
A Clean and noisy channel A G.711
A 0%, 3%, 6% FER A G.711.1
A delay/loss profiles (JBM performance) e
A Input levels variations A G.718
A AMRWB 10O in 3 interworking scenarios with legacy AWR A G.718B
A AMRWB |0 encodindhMRWB decoding A G.719
A AMRWB encodingAMRWB IO decoding R G722
A AMRWB 10 encoding/decoding '
A Obiecti _ A G.722.1
Objectlye requirements A G.722.1C
A Active frame rate (VAD activity)
A Power level and inactive region attenuation
A Maximum average bitrate (relevant for VBR)
A JBM compliance to requirements of 3GPP TS 26.114
| __—
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EVS Standard

A EVS core specifications

To To o Do To o Do Do Do To Do Do

TS 26.441
TS 26.442
TS 26.443
TS 26.444
TS 26.445

General Overview

ANSI C code (fixgabint)

ANSI C code (floatiFmpint)

Test Sequences

Detailed Algorithmic Description

A Including annex with EVS RTP payload format

TS 26.446
TS 26.447
TS 26.448
TS 26.449
TS 26.450
TS 26.451
TR 26.952

AMRWB Backward Compatible Functions
Error Concealment of Lost Packets

Jitter Buffer Management

Comfort Noise Generation (CNG) Aspects
Discontinuous Transmission (DTX)

Voice Activity Detection (VAD)

EVS Codec Performance Characterization

A 3GPP system specifications
PS networks (4@ LTE)

IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction

A Mandating EVS for SWB and FB speech service, recommending EVS for NB and WB

CS networks (3G UMTS)

A

A
A

TS 26.114

TS 26.453
TS 26.454

Speech codec frame structure
Interface tolu, Uu, Nband Mb

A Useful link www.3gpp.org/sa4

A GSMA
A PRDIR.92 VoLTE
A Mirroring EVS status in 26.114: Mandating EVS for SWB and FB speech service, recommending EVS for NB and WB

S—
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A GLOBAL INITIATIVE
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http://www.3gpp.org/sa4

Range of Operating Points

Band Bitrates
width [kbps]

164 244 320 480 64.0 96.0 128.0

20 kHz

WB 59 |7.2 13.2 {16.4 | 24.4 | 32.0 | 48.0 | 64.0 128.0
8 kHz VBR

ACELP/MDG+ » —MDCH+—

A Supported samplingates: 8 kHz, 16 kHz, 32 kHz, 48 kHz
A Bandwidth detectory automatically switches to effective bandwidth
A Seamless switching between any operatpajnts A adapt to
transmissiorchannel
A Bitstream compatibility to all AMR/B modes
Z Z Fraunhofer Q) Vieiceage: 14
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EVS Codec features

Narrowband (NB) operation 5.9 kbps (VBR), #24.4 kbps

5.9 kbps (VBR), #1228 kbps
Wideband (WB) operation
Enhanced interoperation with all AMRB modes: 6.6 23.85 kbps

SuperWideband (SWB) operation 9.6-128 kbps

Fullband(FB) operation 16.4128 kbps

Smart bandwidth control Optimized bandwidth operation at each rate
VAD/DTX/CNG Available at all rates, required for 5.9 kbps VBR
Channelaware mode Available at 13.2 kbps WB and SWB
PacketLossConcealment Cuttingedge,included in standard

Jitter buffer management (JBM) Cuttingedge,included in standard

Rate adaptation support Seamless rate switching on gframe basis
Audio sampling rate conversion Decouplesnput/output audio sampling rates from codec bandwidth
Algorithmic delay 32ms
- — " \ 15
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Encoder Block Diagram

PREPROCESSING ENCODER o
Signaling Info
HP filter (20 Hz) 60FyYREARUKE O2NHFEZ FINI YS
I e e e e >
Filter-bank & resampling
EVS RIMARYMODES
Preemphasis, Spectral analysis
. — . BWE 3
Signal activity detection —» LRbased encoder ---1--» O
encoder 2
(]
Noise update/Estimation "
Input Core 5 | Bitstream
audio - and DTX MDCTbased encoder -1 O
| Bandwidth detector Switching %r _______________ >
>
Time-domain transient detector N DTX, CNG encoder - IR E
c
. @
LP analysis, pitch tracker 5
Channel aware (CA) configuratign
Signal classifier
AMRWB IO encoder T
Speech/Music Openloop
classifier Classifier AMR-WB BACKWAREOMPATIBLEIODE
MDCT selector
- L ,
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Decoder Block Diagram

DECODER POSFPROCESSING
: : Signaling Info
: l v .
! : Music enhancer
| 1
: EVS RIMARYMODES UViinactive post
! s | processing
S BWE
E % : | LPbaseddecoder decoder Comfort noise addition
1 e |
Bitstream i o i Core Output
_______________ > % - and DTX MDCTbased decoder Bass posfilter audio
- Switching >
i 2| Formant posffilter
' D : —> DTX, CNG decoder >
1
1 = |
t2 | LTP posfilter
1 Law) 1
o
i : De-emphasis
| - > AMRWB 10 decoder Filterbank &
: i resampling
: AMR-WB BACKWARIOMPATIBLEODE -
bmmm e ! HP filter
- _— ,
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Benefits of EVS Codec

voice/music

quality
EVS codec enhances

______________________________________________________________________________________ HD voice by:
. Fullband _ _
B, A Increasing the voice
4 capacity withsameor
 Super evenbetter quality
Wideband

A Enhancing the voice and
music quality with same

capacity

A Can be used for high
quality music services,
preferably in fullband
mode athighrates> 13.2
kbps

___________________________________________
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Voice demo

Transport Narrow band HD voice
bitrate [kbps] |12:5G/3G voicg (AMRWB)

(AMR)
Halfrate 7.2
e~ L, F ., oo |
Fullrate 13.2 I :
|
Highrate 24.4

(* increasedquality with same capacity

Original:

Evolved HD voice for superior voice quality

\
\
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Music demo

Transport Narrow band HD voice
bitrate [kbps] 12:5G/3G voicg (AMRWB)

(AMR)
Halfrate 7.2
I(l_ ________________ l
Fullrate 13.2 I :
|
Highrate 24.4

(* increasedquality with same capacity

Original:

Excellent music experience in LTE/VOLTE networks

\
\
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Benefits of EVS

CONSUMER BENEFI OPERATOR BENEFITS
wSuperior voice quality wGlobally interoperable based on 3GPP standards

wExcellent music quality wimproved telecom grade quality and capacity trade
wlmproved experience wSeamless interworking with legacy networks

EVS codec EVScodgc T AMRWB =X
< > >

8 ___‘ VOICE
LTE &
2G/3G
Excellent voice and music experience

-

= Y
> Z Fraunhofer QD Petcaage: 21

ERICSSON s HUAWEI



EVS Deployments

A Operators
A Korea:
A Commercial services since October 2015
A Us:
A T-Mobile: commercial services launched April 2016
A Japan:
A NTT DOCOMO: commercial services launched May 2016
A Germany:
A Vodafone: commercial services launched May 2016
A More operators in various regions interested

A Devices
Samsungsalaxy 6 Edgelus, Galaxijote 5, Galaxy S7 and S7 edge
LG G5
SonyXperiaX Performance
AQUOS ZETA
Disney Mobile omlocomo
Arrows SV
a2NB OSYyR2NAR lyR Y2RSta (2 02YS X
A Infrastructure
A Ericsson: Product support in SBG, BGF andditikR€Q1/2016
A Huawei Product supporsince2016
A NokiaNetworks Product supporsinceMay 2016

To T To Do To o Do

A Interoperability Testingl¢T)
A Bilateral IODTestingsbetween terminal and infrastructure sides since last year
A IMTCready to hostOT test on multlateral scale

-

— ,
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Part 2:

Performance,
Application Scenarios,
Demos

presented by Jon Gibbs, Huawel Technologies Co. Ltd
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Part 2: Outline

APerformance
ADemos
AApplication Scenarios

=
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EVS Performance Evaluation Methc

A3GPP in common with ITURecommendations uses naive
listeners and ITU P.800 tests

A Representative of the (mobile) telephony customer base

A Clean speech, speech in background noise and music/mixed content
categories in errofree & IP packet/frame loss

A Independent (of the Developers) Host (Processing) Lab, Listening Lab:
and Global Analysis Labs used throughout.

A 42 Experiments conducted between Selection (24) and
Characterization (18) costing approximately1M

A Each major experiment conducted in two different languages
(different language group) in different listening laboratories
A 48 P.800 Tests during Selection
A 24 P.800 Tests during Characterization

A Results Documented in 3GPP TR 26.952
A 10 different languages employed
A Assessment of potential language dependegemthing indicated
A Only 2 out of 389 Requirements failed systematically (0.5%)
A Only 38 out of 295 Obijectives failed systematically (13%)

Z Z Fraunhofer QD
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Performance Summary

Current
Narrowband (NB)
Speech Service
(AMR)

4.75 kbps; 12.2 kbps

Current
Wideband (WB)
HD Voice Service

(AMRWB)
6.6 kbps; 23.85 kbps

EVS Enhanced Voice Services

A Same quality available at Lower bitrate
5.9 kbps 24.4 kbps

A Higher quality for the same bitrate

A Higher quality in IP packet/frame loss

A Higher Music and mixed content quality

A New Supeswideband (SWBJ9.6 kbpsg

128 kbps)and Fullband (FB)L6 kbpscg
128 kbps)HD Voice+ Service

A HD Voice+ Service consistently better
than NB and HD Voice (WB) Service

\
|
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EVS Clean Speech Quality

5,0

»
o

EVS SWB
HD Voice+ Quality

./’!"”

DMOS (NS English)
w
o

-/gj:

RGED

D

ITUT P.800:
2,0 AMR 192 votes per point
w 32 listeners
Margin of error
1,0 ‘ ‘ ‘ -~ +/-~0.0750.1 MOS
5 10 15 20 ot MOS is a moveable
Bitrate [kbps] scale due to the test
context.
Z Z Fraunhofer Q) Va 27
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EVS Noisy Speech Quadityoise 20d8 SNR)

EVS SWB
HD Voice+ Quality

30—

m
<
wn
D
vy

.:C(; —{
c -
.y N
3 _—  AMRWB
= /_// b HD Voice Qualit
’/K‘ EVS NB
2,0
AMR
Cellular Quality
1,0 \ \ \ \
) 10 15 20 25
Bitrate [kbps]
L _— ,
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EVS SWBClean SpeeqRoLTBitter)

5,0

DMOS (NA English)
w
o

>
o
|

Approximately half
.......................................................................................................................... of the bitrate of the
AMRWB modes

EVS SWB
13.2 kbps
ChannelAware

\\l‘ \‘s._ _______ -.\\:~ ~ -G EVS SWB
~~~~~~ el S ~T 13.2 kbps
s. \. ~

AMRWB 23.85
kbps (HD Voice

EVS AMRANB 10

2,0 ‘ 23.85 kbps
0% P7(3. 3%) P8(6. 2%) P5(5.9%, P9(8.2%) P10(9. 4%)
2fr/pkt)
VoLTBlitter Profiles

- —
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Music & Mixed Content

EVS SWB

>0 HD Voice+ Quality

>
o

o
o

MOS (NA English)

Bitrate [kbps]

\
\
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Music & Mixed Content

EVS SWB

240 HD Voice+ Quality
3
= 4.0
c
LLJ
<
=
3
= 3,0

2.0

5
Bitrate [kbps]

- — \
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WB Music & Mixed Conteptame Losses)

5,0
EVSWB @ 3
Lost Frames
4,0 EVS WB @

Lost Frames

DMOS (Swedish)
w
o

P
7 ——
/, / __________ a
A - -7 AMRWB @ 3¢
w m--
20 Lost Frames
AMRWB @ 69
Lost Frames
1,0 \ \ 1 \
5 10 15 20 25

Bitrate [kbps]

- — '
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SWB Music & Mixed Contaentime Losses)

EVS SWB @
Lost Frames

5,0

EVS SWB @
Lost Frames

% —o
~ - ‘_.
ﬁ 4.0 /.M—: ______ [
E s e
= o o-""" TUT G.719
z30 @ 3% Lost Fram
. TUT G.719
=
& -0 _m_ AMRWB @ 3% 6% Lost Frame
ol Nst Fraﬂey
1,0 \ \ \ \ \ \
10 20 30 40 50 60 70
Bitrate [kbps]
Z Z Fraunhofer Q) Vi 33
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Capacity EnhancemeEVs at V- Biate

A SWB EVS at 13.2 kbps vs AMM at 23.85 kbps

¥
‘\5 Original AMRWSB (23.85 kbps) EVS (SWB 13.2 kbps)

A SWB EVS at 13.2 kbps in FERs vs-AMRat 23.85 kbps

"
‘\; Original AMRWSB (23.85 kbps) EVS (SWB 13.2 kbps)
Z ZF hof \‘” : 34
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Application Scenarios

A Mobile Telephony & Audio Conferencing
A NB (narrowband PSTN interconnection)

A WB (HD Voice) Optional for GSMA HD
Voice

A SWB (HD Voice¢)Mandatory Codec for
GSMA HD Voice+ [{D
A Handset, headset anldandsfree O I C .
A High Packet Loss & Delay Jitter Resilience
A VoLTENnd VoWiFi/VolP

A In-call music and musion-hold [ﬂD T
A Mission Critical Push to Talk VOI E ED +
A EVS (SWB) is an optional codec

A Very conservative industry

A EVS able to demonstrate intelligibility and
coverage gains over AMRB

- — '
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Part 3:
Coding of Speech in EVS

presented by ¥clav Eksler, VoiceAge Corporation
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Part 3: Outline

Alntroduction

Almproved variant of ACELP

AExtended classification of input signal
APostprocessing enhancements

ACoding of upper band

AAdvanced error resilience

ASource Controlled Variable Bitrate CodingVBR)
AAMRWB backward compatibility and improvements

ADiscontinuous Transmission and Comfort Noise
Generation

~ Fraunhofer 37

s HUAWEI T e 2ge.com

1\

\
[/
N3

(9]
0
"]
(=]



Introduction

AMost of the current speech codecs, e.g. AMIB, are based
on codeexcited linear prediction (CELP) model

A Algebraic CELP (ACELP) employs large codebooks of fixed
pulses

—_———— e ——— e — — — — — —

past excitation
________________ ' 1
——————————————— A(2) WV\M
algebraiccodebook

|
: synthess
Lk
L —
|
|
|
|
|
|
- — '
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Improved ACELP in EVS 1/2

A Key design points:
A higher bandwidthy ACELP in the lower band, BWE in the higher band
A advanced error resilience
A much more general content

A Support of 12.8 kHz and 16 kHz internal ACELP sampling rate

A Significanimprovementsthrough extended signal classification
Al O0ABSKkAYII OGADBSSE o0l YRHARGKE aLISSO
A Generic Signal CodifgSC)

A LRbased timefrequency mode

A Transition Coding
A extended to encode strong onsets
A employed in switching frames

Z Z Fraunhofer QD
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Improved ACELP in EVS 2/2

A Unvoiced Coding
A excitation composed of Gaussian noise combined with algebraic codebool

A Frequencydomain component of the excitation at higher bitrates

A Bandwidth Extension¢BWES)

A Time domain BWE for active speech

A Frequency domain BWE for inactive speech and music/mixed
segments

A Optimizationsto

Voice Activity Detection (VAD)

Openloop pitch search

Adaptive lagwindowing

Quantization and indexing of LP coefficients
etc.

o Do Do Do Do

Z # Fraunhofer QD
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Speech signal classes

A Significant improvements through detailed determination of speech
signal classes in the preprocessing

O

Inactive ¢ speech or audio activity not detected

O

Unvoiced ¢ unvoiced speech frames

O

Voiced ¢ quastperiodic stable active segments

O

Transition ¢ improve robustness and encode strong onsets

O

Generic ¢ all other speech frames

AOEI YL SY Ofl aacdfrA Ol GA2Yy 2F 62N

a C i d
. N Iave Y \
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Generic Coding lower bitrates

A Traditional adaptive codebook and fixed algebraic codebook
A Voiced Coding higher bitbudget to algebraic codebook

—_—— e — =

past excitation W\{\N\/
________________ 1
>
________________ A
! algebraiccodebook @

synthess

________________

Z ~ Fraunhofer Q)
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Generic Coding higher bitrates

A Overcomes exploding complexity problem when searching for all
possible algebraic codebook vectors (e.g. at 32 kbps: 106 bits, i.e.
8x1(331vectors)

A A Frequencydomain component of the excitation

—_—_—— e o —_

|

| ! Y

| | . _ ' 1

|| VQdec—={ DCT [—>{deempi- b 7?—» " /U(\N\,{W

______________________

P synthess

43
ERICSSON s HuAwelr T e ieage.com



Unvoiced Codinglower bitrates

A Excitation composed of two vectors selected from a linear Gaussian
codebook

L iy
A(2)

synthess

Z # Fraunhofer QD
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Unvoiced Coding higher bitrates

A Excitation composed of Gaussian noise combined with algebraic
codebook

—_—_— e e — — =

N T S AN 1
A(2)

synthess

_- e e =

Z # Fraunhofer QD
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Transition Coding

A Adaptive codebook replaced by codebook of glottal shapes
significantiylimits the usage of past information

A Protects frames after onsets; encodes strong onsets and switching frame:

|~ glottal-shape codebook |

|
|
| ) >
|

L positon ___ _______ 1
———————————————— A(2)
! algebraiccodebook

synthess

—— e =

Z ~Z Fraunhofer Q)
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Generic Signal Coding

A New coding mode for efficient coding of generic audio signals, particularly
music, at low bitrates

A Combinesncoding of excitation in time and frequency domain

A Rectangular windows prior DGDCTA no additional delay

_ | low-pass

DCT filter

/

. 1
q“L DCT — 25 —»J\J(\N\M/

synthess

:r ~ frequency domain decoder |
| , — |

| generic audio | |
i VQdec—> ™ yecoder ! ’
______________________ |
L — ,
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Decoder posprocessing

A Bass posfilter
A Improved lowfrequency pitch enhancement
A Controlled by signal classification

A Formant postfilter
A Formant sharpening
A Controlled by signal classification

A Music postfilter
A New lowdelay technique to enhance music at lowest bitrates

A Comfort Noise Addition for noisy speech
A New technique to improve rendering of background noise at lower bitrates
A Artificial noise injected in both active and inactive segments
A A Masks coding artifacts and discontinuities
A A Compensates the loss of energy in the background noise

Z Z Fraunhofer Q) 48
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Time domain BWE

A New, highly efficient BWE on top of ACELP

A Extends the decoded spectrum to WB (up to 8 kHz), SWB (up to 16kHz),
or FB (up to 20 kHz)

A BWE bitrate of 0.30 kbps3.0 kbps

A Timedomain envelope
A separate LPC modeh the high band

A Highband excitation signal

A derived from lowband excitation signal usingn@n-linear harmonic
modelling

A adaptive whitening
A noise modulation and mixing

up- non flip &
N g N e . Db
sampling linearity whitening ;
—
! * Avs(2)
ACELP random noise _ _
exitation noise envelopé | 1B high-bandsynthess
- -— y
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Frequency domain BWE

A A novel multimode frequency domain BWE with relaxed synchronization
on top of GSC

A Blind (0 kbps) or guided with bitrate of 0.30 khp3.0 kbps

A 4 modes Transient, Harmonic, Normal, Noise

A Acombination ofadaptivespectral envelopeandtime envelopecoding,
derived from the higkband input signal

A Highband excitation signajenerated by
A normalizing the selected region of the low band with an adaptive
normalization length, or
A random noise
A Only a low algorithmic delay availal#e relaxed time alignment

between the highband excitation and its envelope

random
noise :
1 spectral| | MDCT L] mMe |
envelope envelope
ACELP| | vipct _»normqllzj high-bandsynthess
synthesis & folding
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Advanced Error Resilience

A Multiple innovativehighly robustmeasures to provide error
resilience to packet losses in mobile systems

A Minimization of interframe dependencies

A avoid errorpropagation
A fast recovery after lost packets
A Improvements to various blind or guided concealment techniques

A improved pitch extrapolation, improved pulse resynchronization, guided
LP filter concealment, etc.
A focus both on concealed frame(s) and recovery frames

A both single errors and long burst of errors

A Builtin Jitter Buffer Management
A Compensation for transmission delay jitter (late packets)

A ChannelAware Codingat 13.2 kbps
A Partial redundancy transmitted in later frames
A The siddnfo transmission is source/channel controlled

— 51
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Source Controlled VBR

A Targets an average bitrate of 5.9 kbps for active speech

A Source controlled switching between 2.8 kbps, 7.2 kbps and
8.0 kbps frames

A Efficient coding modes for 2.8 kbps frames:

A prototype pitch period (PPH stationary voiced frames
A Pitch cycles in these frames are stable
A Transmit just one representative prototype pitch period
A Derive remaining pitch cycles by interpolation

A noiseexcited linear prediction (NELR) unvoiced frames

Z # Fraunhofer QD
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AMRWB Backward Compatibility

A EVS offers AMRV/Binteroperable mode(AMRWB 10)
A Full bitstream compatibility for all AMR/B bitrates

A AMRWSB IO offersmprovementsover legacy AMRVB

A Improved error concealment
A Better quality through EVS pegtocessing modules
A Bass PosFilter, Comfort Noise Addition, Formant P&siter
A Better music quality through music enhancer
A DCT based suppression of quantization noise
A Better noisy speech quality through unvoiced/inactive posicessing
A Smooth synthesis output by modifying the excitation in DCT domain
A Better presence through a higher audio bandwidth
A New bandwidth extension up to 7.8 kHz

A Fixedpoint code: Better reproduction of lovevel input signals
through dynamic scaling

Z Z Fraunhofer QD
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Discontinuous Transmission

A Improved Discontinuous Transmission (DTX) for efficient use
of spectrum and battery life in mobile communication

A Background noise replaced Bpmfort Noise Generation
(CNG) at the decoder

A Silence Insertion Descriptio(SID)

A low-rate parametric representation of the noise (2.4 kbps)
A sent no more than once in every 8 frames (16§

A Enhanced versatility
A improved LPbased CNG
A new frequency domain based CNG
A CNG type selected based on the background noise characteristics
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Part 4:
Coding of Mixed/Music
Content in EVS

presented by Guillaume Fuchs, Fraunhofer IIS
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Part 4: Outline

A Introduction

A System constraints

A System overview

A Envelope coding & noise shaping
A Windowing & switching

A Optimized spectral coding

A Noise and gap filling

A Concealment

A Postprocessing
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Introduction

A Most of modern generic audio coders are built over a Modified Discrete
Cosinuslransform (MDCT)

A Redundancyis exploited by both MDCT and noiseless coding

A Quantization and parametric coding are perceptually motivated and exploit
the irrelevancyin the signal

| Perceptual
g Model

|
I
I
I

Input Noiseless
signal Coding
- — \
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System constraints: low delay

32ms delay coding system:

Analysis windows
T

A Framing20ms 20me 20 9)
A Overlap: 8.75ms2(1.88% - T ST %
A Additional delay for other components: 3125 E’O_s_ ﬁ]
Worse frequency responses than,
conventional audio coder: ° ; N §
A Lower frequency selectivity 100 —freduency response
A Higher frequency leakage §10'1: At S —
A Less efficient especially for tonal items §’10'Z
A New coding tools are
introduced for handling tonal .« ——J . . 1
music rrequeney
Z Z Fraunhofer §‘2)4 VNVoicea 58
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System constraints: adaptive switching

AlIn EVS, the input signal is classified every 20ms by
A Speech/music classifier
A Transient detector

ADepending of the classificatiorseamlessand delayless
switching to a different coding mode or to a different MDCT
window Is possible:

A For speech
A Switch to a Time Domain speech coder (ACELP)
A For transients
A Switch between different time/frequency resolutions
A Switch between different window shapes
A Switch to a Time Domain speech coder (ACELP)

AMoreover depending on the differemtetwork conditionsthe
MDCT coder is able to change on the fly itsdié and coded
bandwidth.
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System constraints: operating point:

MDCThased coding is used for

ADifferent bandwidths and bitrates
A Narrowband 7.2¢ 24.4 kbps
A Wideband 9.6¢ 128 kbps
A Super Wideband9.6¢ 128 kbps
A Fullband 16.4¢ 128 kbps

ADifferent signals
A Music: from 7.2 kbps
A Background noisefrom 9.6 kbps
A Speech from 48 kbps
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System overview: encoder
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System overview: decoder
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Envelope coding & spectral noise shap

Two methods are available in EVS for coding the spectral
envelope and shaping the guantization noise

A Linear Predictive Coding
A Compact representation of the spectral envelope (VQ of LSFs)

A Generic perceptual model derived from weighted LPC coefficients

A Ease the switching to ACELP
A Improved and lowdelay version of TCX principle from MPESAC

A Energies of the envelope
A Coding of band energies
A Efficient adaptive Huffman coding of energy differences

A Bit allocation and noise shaping independent from LPC
A Improved version of G.719
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