INTERNATIONAL INTERCONNECTION FORUM
FOR SERVICES OVER [P

(i3 FORUM)

(www.i3forum.org)

Workstream “Technical Aspects”

White Paper

Voice Path Engineering in International
IP-based Networks

(previously titled
“Optimal Codec Selection in International IP-based Voice Networks”)

(Release 3.0) May 2011

“Voice Path Engineering in International IP-based Networks”, Rel. 3.0, May 2011 1

i3 Forum Proprietary Document




Executive Summary

This White Paper assists in correct codec and voice path parameter selection in different IP-based
voice interconnection configurations, as well as to predict IP-based voice interconnection
configurations which will have unacceptable voice quality degradation.

Voice path engineering (the practical application of codecs and choice of associated IP
parameters) in IP-based voice networks is more complex in comparison to existing TDM networks;
this document deals with the factors and configurations indispensable in correct network
configuration and interconnection agreement planning, which have to be considered in order to
deliver voice quality levels satisfactory for Service Providers.

Having introduced codec and VolP media basics, voice quality planning basics and the
significance of proper codec choice, this White Paper provides a methodology, spreadsheets and
a calculation template useful to evaluate codec choice(s) for a particular distance of network
configuration, thus indicating if it will be possible to achieve the required speech quality. If this
calculation shows that expected (customer) quality will be below a satisfactory level it is possible to
go through the calculations step by step and try to change codec or other parameters to reach the
desired quality level.

It is shown that transcoding significantly affects call quality, and should be avoided unless
absolutely necessary. The impact of transcoding is likely to be much higher when a chain of
downstream carriers is involved in the end-user to end-user communication, than for bilateral
interconnections engineered directly between network operators in the end countries, and may
necessitate different network configurations being sought.

Extending IP-based voice networks into remote or island nations often needs expensive satellite
transmission. Low Bit Rate codec choices and bandwidth reducing transmission techniques are
given to assist network planners with this voice quality/bandwidth tradeoff.

This paper discusses the voice quality of the media path as affected by codecs as used in
interconnected IP-based voice networks, covering and addressing narrow band, wideband, and
low bit rate codecs used in links where bandwidth is costly such as satellites.

This white paper complements the content of the i3 Forum document “Technical Interconnection
Model for International Voice Services” [1] with regard to the media information flow management /
treatment.

“Voice Path Engineering in International IP-based Networks”, Rel. 3.0, May 2011 2

i3 Forum Proprietary Document



Table of Contents

EXECULIVE SUMMANY.....coiiiiiiiiii e 2
1 Scope and ODJECHVE ....cooe i 5
2 o (0] 1Y/ 0 11 T PP PPPPPT 5
3 = (=] (=] 1= PRSP 8
4 Voice Path Engineering in IP NEtWOIKS ..o 11
5 General Reference ArChit@CIUIE ..........i i it e e e 12
6 Codec and Voice Path Engineering BasiCS.........ccooooiiiiiiiiiiiiiii 13
6.1 Coding Algorithm — TEChNOIOGY ........uuuuuiiiiiiii s 13
6.1.1 WaAVETOIM COUBCES ...uvvniiiiiiieieii e e e e e e e e e e e e eeeennns 13
6.1.2 NON-WaVeform COUECS ........uuuuiiii i e e e e e e eeeeeanas 13
6.2 Bit rate — necessary bandwidth ... 14
6.3 Encoded bandwidth: narrow band versus wideband codecs..........cccoooevvvveiiiiiineennnnns 14
6.4 Encoding and Packetisation LAteNCY..........ccooviiiiiiiiiiiiiii 14
6.4.1 Frame [ENGEN ... ... 14
6.4.2 1o Yo = =T Vo PR 15
6.4.3 Y00 = 1T (oo U 15
6.4.4 Output QUEUING DelaY .......coooiiiiiii 15
6.4.5 DE-JItLEF BUFET ...t s 15
6.4.6 Combined Effect of Speech Processing Delay Factors .............uvceeveeeeeeveiiiiiiineeeeennns 15
6.5 S 01=T=T o] I3 (] i ) o 16
6.6 Voice Activity Detection and Discontinuous TranSmiSSION .........ccoevvvveiireeeereeeeennnnneenns 17
6.7 Coding of Wideband SPEECH..........cooeuiiiiii e 17
6.8 MODIIE COUBCS.....co e 18
6.9 The Media Stream and Media Stream CONVErSION ..........cooeeeiiiiiiiiiiiie, 18
7 Voice Quality EVAlUALION .........ocouuiiiiii e e e e e e e e e e e e e e e e e e eeaeanaas 25
7.1 Mean Opinion SCOre (MOS) ......oouiiiiii e et e et e e e e e e et e e e e e e eaaeaaaeeeaaaeees 25
7.2 E-Model — Narrowband CodecCS .........ccoovviiiiiiiiii 26
7.3 E-Model Relationship to MOS for Narrow Band COdecCS............cuvvciiieeeeevieiiiiiineeeeenns 27
7.4 Transmission Quality Category in the E-model — Narrow Band Codecs...................... 27
7.5 The R-Factor and Delay — Introducing the E-model Graphical Representation............ 28
7.6 E - model Limitations as an Estimator of Customer Opinion .........cccoeeeeeviviiiiiiineeeeennns 29
7.7 E - model Extension for Wideband COdecs ... 29
8 Major factors influencing Voice Quality in International Transmission...............ccceevvveen. 30
8.1 E-Model Parameter RO.........cooiiiiiiiiie e, 30
8.2 E-Model Parameter IS .......cooo i, 30
8.3 E-Model Parameter Id...........oooo i 31
8.3.1 Domestic and Access (Service Provider) Network Latency ........cooooeeeeviiiiiiiiiiieinnnnn, 31
8.3.2 International and long distance Network [ateNCIES .........ccceviiiiiiiiiiiieiiiie e 32
8.3.3 De-Jitter BUffers and LAtENCY .........uuuuuimiiiiiiiieeeees s 32
8.4 E-Model Parameter le and le,wb - Equipment and Codecs ............cccccevvevviiiiiiiinnnnnnnn, 34
8.4.1 COdEC EQUIPMENT.....ciiiiieeeeeeeeeeeeeee 34
8.4.1.1 Narrow Band COUECS........ccoeeieieeeeeee e 34
8.4.1.2 Wide BaANd COUBCS ... .uuuuuiiiiiiiiiiiiiiiiiiiiii e 34
8.4.2 PACKEE LOSS ...ttt s 34
8.5 E-Model Parameter - A =Advantage factor...........ccccccveiiiiii 36
9 Transcoding and the E - MOdel...........cooooiiiiiiiii 36
9.1 Codec Transcoding ISSUES = GENETAL .........uuuuiiimiiiieee e 37
“Voice Path Engineering in International IP-based Networks”, Rel. 3.0, May 2011 3

i3 Forum Proprietary Document



9.2 Codec Transcoding ISSUES — G.729 ........uuuuuiiiiii s 37
9.3 Packetisation during TransCodiNg ...........ccooiiiiiiiiiiiiiiii 38
9.4 Mobile TranSCOAING .......ccooiiiiiiiiiii 39
10 Impact of Transcoding using E-model — lllustrated for Narrow Band Codecs................. 39
10.1 SINGIE COUBC ...ttt s 39
10.2 Transcoding — Illustrated with Narrow Band COdecsS............cccovvevviieiiiiiiiiieeeeeeeiiieennn 41
10.3 ComparisonN WIth TDIM .......uuuiiiiiiiii s 43
10.4 Transcoding — ODBSEIVALIONS ........cooiiiiiiii e 44
104.1 Narrow Band COUECS .......ooeuiiiiiiiie e e e e e e e e e e e eeeeennas 44
10.4.2 LAV Te (=N = T o To I @ o o =T o8 PR 45
10.5 Unsuitability of G.723.1 Codec in International Carrier Networks ............cccceeeeeeeveeennnnn. 45
10.6 Mixed Narrow Band and Wideband Codecs in a Voice Path...............cooovviiiiiiiinnnnnnnns 46
11 A-Law/p-Law Companding Conversion for G.711 PCM COdEeC...........ccceevvviiiiiiininnnnnnn. 46
12 Codec and VolP Transmission Considerations for High Cost Bandwidth Links such as
7= 1= 1 (= PP URPPN 47
12.1 Factors Predominantly Affecting Transmission Bandwidth....................ccccco 48
12.1.1 (700 [Tl =T - = PR 48
12.1.2 Packetisation Period and VAD/DT X .....uuuiiiieeeiieiiiiieee e e e eeeeaiine e e eeeeeaannnnnseeeeeeennnnnns 48
12.1.3 Packetisation Process Latency and Satellite Latency.........ccoeeeeeeiiieiiiieiiiieeieeeeeeenn 49
12.1.4 IP/UDP/RTP Header COMPIESSION .......uuuuuiiiiiiiiiiiiiissss s 50
12.2 Factors Affecting Voice QUAIILY .........ooooiiiiiiiiiiii 51
12.2.1 COdEC BIt RALE ... 51
12.2.2 Packetisation Period TranSrating .............ceeieeereeeeiiiiiseeeeeeeeiiiins e e e e eeeeeeann e e e e eeeennennns 52
12.2.3 Voice Activity Detection/Discontinuous TranSmiSSION...........uuuieeeeeeeeeeiiiiiieeeeeeeeenennns 52
12.3 Voice Quality — Bandwidth Cost Tradeoff ............covviiiiiiiii e 52
12.3.1 Other Network Link Considerations: VOICE...........ccooviiiiiiiiiii, 54
12.4 General Transmission Considerations for IP Satellite Links used for Migrating PSTN
VOICE SBIVICES ..o 54
13 Evaluation of Codec Choice in International IP Interconnections..................eevvvvvveeeenenns 55
13.1 Bilateral and Series Configurations ............ouuuuiiiiiiiiiiieiie e e e e e e e eeees 55
13.1.1 Bilateral Interconnection Configuration ................uciiiii i, 56
13.1.2 Y= 1= @0 a1 iTo U= 11 o] o R 56
13.2 Calculation Example for Configurations with all Narrow Band Codecs .............ccc........ 57
13.2.1 F =10 g ¥ o) o] £ 57
13.2.2 Determination of Reference Configuration ............cccooeeeeiiiiiiiiiii e, 58
13.2.3 Ascertainment of Actual Transmission Impairments in each Section......................... 58
13.2.4 Impairment Calculation and End-to-End Evaluation ..............ccceeeeeiiiiiiiiiiinn e, 59
13.2.5 JUAgMENt Of RESUIES..... .o e e e e e aaaaaas 60
14 Conclusions and Recommendations...........oooveeiiiiiiiieie 62
14.1 Recommendations on CodeC ChOICE ..........ccooviiiiiiiiii e, 62
14.2 TEANSCOAING ..t e e 64
14.3 Companding Conversion for G. 711 COUEC.......uuuuiiie e 64
14.4 Call SEIUP . ettt s 64
15 Appendix 1 Maximum R-Factors for Narrow Band Speech (G.711 PCM encoded) and
Wide Band Speech (16kHz Sampling Frequency PCM encoded) ...........cccoeevvveiiennenn. 65
“Voice Path Engineering in International IP-based Networks”, Rel. 3.0, May 2011 4

i3 Forum Proprietary Document



1 Scope and Objective

This paper discusses the voice quality of the media path as affected by codecs as used in
interconnected IP-based voice networks, covering and addressing narrow band, wideband, and low
bit rate codecs used in links where bandwidth is costly such as satellites.

The objective of this paper is to provide background to and to support the media section in “i3
Forum, Technical Interconnection Model for International Voice Services” [1] as well as to draw
attention to the adverse voice quality which will result from inappropriate transcoding of low-bit-rate
codecs. The causes and degradation of voice quality are established, tools for voice transmission
planning are provided, with particular attention being drawn to transcoding impairments which may
result in voice quality reduction so severe that alternative network arrangements to get to the final
destination may need to be explored.

2 Acronyms

A/D Analogue to Digital Converter, Analogue to Digital

ACELP Algebraic-Code-Excited Linear Prediction

ADPCM Adaptive Differential Pulse Code Modulation

ADSL Asymetrical Digital Subscriber Line [equipment]

A-law Companding (volume compression) profile used by all countries except North America and
Japan

ALOC Average Length of Call

AMR Adaptive Multi-Rate

AMR-WB Adaptive Multi-Rate Wideband

Ann Annex

Bpl Robustness factor against packet loss (used for E-model calculations)

BurstR Packet loss burst ratio (used for E-model calculations)

CELP Code Excited Linear Prediction

CLR Circuit Loudness Rating

CNG Comfort Noise Generation

COS Class Of Service

CPU Centralised Processing Unit

CRTP Compressed RTP

CS-ACELP Conjugate-Structure Algebraic-Code-Excited Linear Prediction

DI/IA Digital to Analogue Converter

DCME Digital Circuit Multiplication Equipment

DECT Digital Enhanced Cordless Telecommunications

DSL [Symmetrical] Digital Subscriber Line [equipment]

DSP Digital Speech Processor

DTX Discontinuous Transmission

El 2Mbit/s TDM transmission bearer, comprising 30 x 64bkit/s channels.

EF Expedited Forwarding

EV-CELP Embedded Variable bit rate — Code-Excited Linear Prediction

FolP Fax over IP

FR-AMR Full-Rate Adaptive MultiRate

GSM Global System for Mobile Communications

GSM-EFR Global System for Mobile Communications — Enhanced Full Rate

Hz Hertz

IP Internet Protocol

IPv4 Internet Protocol, version 4

IPv6 Internet Protocol, version 6
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IPDV
ISDN
ITU-T

LBR
LD-CELP
LPAS
MDCT
MIPS
MLT
MNRU
MOS
MOS-CQ
MOScoQE
MOS-LQ
MOS-LQO
MOS-LQOM

MOS-LQON
MOS-LQS
MOS-LQSM
MOS-LQSW
MOS-TQ
MP3
MPEG-2

MPEG-4

MP-MLQ
MR-ACELP
ms

J-law
NB

PC

PCM
PDV
PESQ
PLC
POS

pp

Ppl
PSTN
gdu
QOS
RAM
RCELP
Rec.
ROHC
ROM
RPE-LTP
RTCP
RTP

SB

SB-ADPCM
SDP
SIP
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IP packet Delay Variation

Integrated Services Digital Network

International Telecommunications Union — Telecommunications standardization sector
Low Bit Rate

Low Delay Code Excited Linear Prediction

Linear Prediction Analysis-by-Synthesis

Modified Discrete Cosine Transform

Millions of Instructions per Second

Modulated Lapped Transform

Modulated Noise Reference Unit

Mean Opinion Score

Mean Opinion Score-Conversational Quality

Mean Opinion Score, Communication Quality Estimated

Mean Opinion Score-Listening Quality

Mean Opinion Score-Listening Quality Objective (i.e. objectively assessed)

Mean Opinion Score-Listening Quality Objective in Mixed band [ wideband and narrowband)]
context

Mean Opinion Score-Listening Quality Objective in Narrow band context
Mean Opinion Score-Listening Quality Subjective (i.e. subjectively assessed)
Mean Opinion Score- Listening Quality Subjective in a Mixed-band context
Mean Opinion Score-Listening Quality Subjective in Wideband context

Mean Opinion Score-Talking Quality

MPEG-1 Audio Layer 3, more commonly referred to as MP3

Moving Pictures Expert Group 2 (for generic coding of moving pictures and associated audio
information)

Moving Pictures Expert Group 4 (for generic coding of moving pictures and associated audio
information)

Multi Pulse Maximum Likelihood Quantisation
Multi-Rate Algebraic Code Excited Linear Prediction
millisecond

Companding (volume compression) profile used in North America and Japan
Narrow Band (with respect to voice frequency signal band width), 300Hz to 3,400Hz
Personal Computer

Pulse Code Modulation

Packet Delay Variation (see also IPDV)

Perceptual Evaluation of Speech Quality

Packet Loss Concealment

Packet Over SONET

packetisation period

Packet loss ratio (used for E-model calculations)
Public Switched Telephone Network

guantisation distortion unit

Quality of Service

Random Access Memory

Residual Code Excited Linear Prediction
Recommendation

RObust Header Compression

Read Only Memory

Regular Pulse Excitation-Long Term Prediction
Real-Time Transport Control Protocol

Real-Time Transport Protocol

Super Wide Band Audio — sometimes Super-Band - (with respect to voice frequency signal
band width), 50Hz to 14,000Hz

Sub-Band Adaptive Differential Pulse Code Modulation
Session Description Protocol
Session Initiation Protocol
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SONET
SP

TCP
TDBWE
TDM
TELR
TFO
TrFO
VAD
Var
VBD
VMR
VolP
VolPv4
VolPv6
VSELP
WB
WMOPS

Synchronous Optical Networking

Service Provider

Transmission Control Protocol

Time-Domain BandWidth Extension

Time Division Multiplex

Talker Echo Loudness Rating

Tandem Free Operation

Transcoder Free Operation

Voice Activity Detection

Dynamically Variable bit-rate

Voice Band Data

Variable Multi Rate

Voice over IP

Voice over IP specifically packetised using the IPv4 protocol
Voice over IP specifically packetised using the IPv6 protocol
Vector Sum Excited Linear Predictive

Wide Band (with respect to voice frequency signal band width), 50Hz to 7,000Hz
Weighted Million Operations Per Second
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4 Voice Path Engineering in IP networks

All TDM switching and network interconnections use G.711 PCM coded 64kbit/s voice signals and
the TDM PSTN is engineered around this specific voice path design. Any transcoding to lower bit
rates to lower transmission costs is undertaken by Digital Circuit Multiplication Equipment (DCME)
either within a carriers network or on the bilateral interconnection link (interfaces to TDM switches
are always 64kbit/s). Consequently voice path engineering expertise resided mainly with DCME
equipment vendors. Codecs used in DCME are predominately 16kbit/s / 32kbit/s and speech
quality reduction is low-to-moderate. In most international connections (i.e. all submarine cable
links with global reach) an “All Users Satisfied” quality levels is readily achieved in bilateral TDM
international networks, and to a lesser extent, when a chain of networks is involved. Effectively,
voice path engineering had a low profile.

The freedom to use different codecs (combined with packet transmission parameters) now
requires voice path engineering to be part of IP-based voice design. With IP-based voice, there are
many changes which will have profound impacts:

1 transmission bandwidths increase because of packetisation overheads encouraging the use
of low-bit-rate codecs to offset the bandwidth (cost) increases. These codecs generally have
worse speech quality (both in voice distortion and codec related delay);

2 the delay of the IP packetisation processes throughout the call chain has significant additional
impact on speech quality;

3 many more codecs have been developed, so that a significant diversity of codec types will be
encountered in domestic networks (codecs are chosen predominantly for domestic market
reasons; international carriers generally carry signals, and, if required, mediate technically
mismatching voice signals);

4 interconnections are no longer to a common codec standard, but are according to the codecs
used by the respective carriers being interconnected, thus codec and packetisation matters
are now a required component of interconnection negotiations.

For the reasons given above, Service Provider (access) networks now introduce significant delay
to the end-to-end delay budget formerly dominated (for intercontinental distances) by propagation
delay, increasing the probability of lower user satisfaction.

Such increased delay, combined with low-bit-rate codec impairment (voice distortion), could reduce
the best case estimate (with codec and delay impairments only accounted for) of customer opinion
almost to the “Many Users Dissatisfied” level, so that when other impairments unavoidable in
practical international connections are included, international call user quality can be demonstrably
lower for IP-based voice (contrasted with current PSTN quality which typically meets customer
“Satisfied” scores for similar calls).

In addition, the already mentioned diversity of codecs now available means that it would be
unrealistic to expect all Service Providers to use the same codec. While it is firstly the
responsibility of Service Providers to transcode if needed to ensure voice service interoperability
(particularly relevant if that SP chooses a different codec from other carriers in their domestic
interconnect environment), however, in case no common codec can be negotiated between end
Service Providers, international carriers may provide transcoding for some calls simply to connect
them.

Particularly hard hit will be calls of global reach (halfway around the World) and those
necessitating satellite for completion (as is the case from Europe to many Pacific Islands). Clearly
such degradation could be mitigated slightly by choosing higher bit rate codecs but this comes with
a bandwidth cost (often several times higher), presenting a difficult commercial trade-off. There
may be no practical alternative but to transcode to a low bit rate codec (as well as use bandwidth
reducing VolP transmission techniques) when using satellite links to access some geographic
regions.
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The involvement of a chain of international carriers poses a particular problem for planning quality
in that there may be several intermediate carriers, and information about codec and packetisation
downstream from the contracting first operator may be hard to obtain, thus frustrating call quality
estimation.

If cost is the dominant criterion of an intermediate carrier, they may transcode within to save
capacity costs, consequently profoundly impacting the end-to-end call they are involved with.
Conversely, it may happen that the same codec is used throughout, with quality maintained.

It is concluded that for IP-based voice, bilaterally engineered interconnections will offer predictable
quality better able to be matched to voice product requirements, and particularly will offer the
lowest quality reductions vis-a-vis TDM because of more direct connections reducing impairments.

Mobile Service Providers use codecs designed for spectrum conservation, and dynamically
change the codec parameters to compensate for radio signal strength variations during a call so
that, taken together with packet loss on the radio path, generally mobile codecs, under practical
use conditions, often have lower voice quality (higher distortion) than fixed codecs. Further
mechanisms have been defined within IP centric mobile networks to allow end to end packet
connections with no transcoding, but transcoding is likely to remain a feature of mobile-fixed
network calls for the short term.*

As a result, carriers now require voice path engineering knowledge (the practical application of
codecs and associated packet transmission parameters) to be able to engineer voice circuits in IP-
based voice networks.

5 General Reference Architecture
The general reference configuration for an international voice interconnection based on the IP

protocol given in [1] is reproduced here to include codec/transcoding functions which can be
invoked at the Border Function.

Codec A may not be the If Codec A # Codec B, Codec B may not be the
same ac¥oss all Codec A transcoding may be invoked Codec B same ac¥oss all
domestic operators at either border function domestic operators
Service Service
Provider A : / Provider B

/ | CarrierA \ Carrier B ﬁ
@ I {  SIGNALLING | I P

(VolP, Sigtran appls ) -
" CHF H - mam o mm o CHF B
- ! i QNG
MEDIA

»

Border

|
3&'\ / Fﬁgg:g Function \
o T Sy D
A i terp . —
= igtran Appls. Transport Platform 9 i
] /|§ pp p ~ l.

///////%////,o I ////////
C

. - 1 i &
= 'S

MNO)
(MNO) Dok
- (Domestic
(Domestic u Operator)
Operator)

HF: Call Handling Function

Figure 1 General Reference Configuration with codec annotation

! Devices are expected to become increasingly convergent and so will share the same codec for mobile and

fixed usage. With the likely evolution towards IP mobile, negotiation from end-to-end of the same codec is
likely and thus communication will become increasingly transcoding free.
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6 Codec and Voice Path Engineering Basics

The voice (user) signal is converted to a digital signal at (or near) the user end-point in the
domestic/access network by a codec. A codec is a device for encoding and/or decoding a digital
signal (coder/decoder), either from analogue (e.g. end user voice) or from a differently coded
digital signal.

6.1 Coding Algorithm — Technology

Speech coding is the process of reducing the bit rate of digital speech representations while
maintaining a quality acceptable for the application.

Most codecs are designed for the telephony speech bandwidth of 300-3400Hz; this bandwidth
(“narrow band”) ensured sufficient intelligibility and was the basis of the design of fixed TDM
networks, which use the G.711 codec [2]. This bandwidth constriction does not apply to IP-based
voice networks, and codecs are now being designed for higher speech bandwidth. Wideband
codecs have a frequency range of 50Hz to 7,000Hz ([3], section 14.2.2, [4]), and higher bandwidth
superwideband audio codecs are defined with frequency range 50Hz to 14,000Hz ([3], section
14.2.2). Narrow band codecs are still in very common use due to interworking with the PSTN.

Some speech coders are optimised for multi-media (where several applications signals will share
the communications channel), and some for telephony. Bit rate, encoded bandwidth (narrow band,
wideband or higher), complexity (CPU time to compute the code, static/dynamic RAM and ROM
memory), delay and speech quality are typical trade-offs in codec design. It is predominantly the
trade-offs in codec design that distinguish them?.

6.1.1 Waveform codecs

Waveform codecs simply process the speech waveform as it arrives, sample by sample, e.g.
narrow band codec’s G.711 PCM® and G.726 ADPCM as 0.125 ms samples.

6.1.2 Non-Waveform Codecs

Many of the low bandwidth codecs used in IP-based voice telecommunications (commonly referred
to as low bit rate codecs) are Linear Prediction Analysis-by-Synthesis (LPAS) codecs (e.g. G.729
and its annexes, G.728, G.723.1, GSM full rate, half rate and enhanced full rate etc) [5]. These are
non-waveform codecs and use speech synthesis techniques ([6], A.1.8).

In non-waveform codecs many speech samples are grouped into a frame (see section 6.4.1), and
processed (encoded) en-bloc into a new digital signal (code) with certain assumptions such as
knowledge that the signal represents speech, so that certain fixed characteristics can be assumed.
For narrow band codecs the speech samples input are provided by the G.711 PCM codec (or linear
for some VolIP terminals) at 0.125ms intervals (8kHz sampling frequency). For wideband codecs a
16kHz sampling frequency is used, providing speech samples at 0.0625ms intervals.

Additional accuracy is obtained by including part of the next frame also in the calculation; this extra
information is called “look-ahead” (see section 6.4.2) and improves the speech representation for a
small increase in coding time. The encoding entails each frame of input signal being processed at

Examples: G.729 was designed for lower complexity than G.728, and has higher delay (called algorithmic
delay) for similar speech quality; G.723.1 was designed for low-bit-rate videophones of that era (where
delay was increased to lower the frame rate to match videophones and encoded bandwidth was made as
low as possible to fit alongside video in the relatively low bandwidth lines available); it has now been
superseded by the AMR codec in low bit rate circuit switched videotelephony based on ITU-T H.324 [8];
G.729a was designed for lower complexity than G.729, at expense of slightly higher voice distortion [5].

The G.711 codec, being predominantly the A/D function of converting from analogue to digital (linear)
PCM, also contains a companding function, which follows the y-law recommendation in USA and Japan,
and the A-law recommendation in other countries. Companding conversion responsibility is covered in
section 11.
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the encoder to extract a set of parameters that are quantised (using codebooks for vector
guantization or scalar quantiser) to be converted to a bit stream (the new coded signal) and
transmitted to the decoder.

When decoding from a non-waveform codec, the frame information is computed along with
characteristics of speech assumed at the encoder which is also stored in the decoder in what is
called a ‘codebook’ (i.e. this information is not transmitted). Thus the speech is “synthesised” from
the coded information sent plus the transmitted “codebook” index.

Recently codecs have also been designed specifically for use in packet networks, where packet
loss* becomes an important design trade-off (e.g. [9]). Most of them include a Packet Loss
Concealment (PLC) algorithm to generate at the decoder side the best possible synthesis signal
even if all corresponding input frames have not been received. Concealment is achieved by using
information from the previously received frames. Latency generally increases which is an
acceptable tradeoff when used for internet telephony where the IP transmission channel cannot be
of guaranteed quality.

6.2 Bitrate — necessary bandwidth

The bandwidth of IP-based voice signals is higher than that of equivalent TDM signals primarily
because of packet overheads. This encourages the use of more bandwidth efficient codecs and
more coded voice frames per IP packet to offset the increase in international transmission costs as
TDM to IP-based voice migration occurs. The drawbacks of augmenting the size of IP packets for
transporting voice are therefore important and must not be forgotten, namely increased sensitivity
to packet loss and increased latency (see also section 6.4.3).

As the bit rate of the codec is reduced to seek bandwidth efficiency, speech distortion increases
(section 6.5). Section 12.1 provides more in depth information on minimising the bandwidth of
VolIP signals.

6.3 Encoded bandwidth: narrow band versus wideband codecs

IP-based voice gives the opportunity to improve encoded voice quality decisively by moving from
the “historic” PSTN narrowband (NB) quality (300 to 3,400 Hz using a 8 kHz sampling frequency)
to wideband (WB) quality (50 to 7,000 Hz using a 16 kHz sampling frequency). Wideband quality
means voice better encoded on all its frequencies, with more natural sound and a greatly improved
sensation of presence (in the voice sense), intelligibility and listening comfort.

6.4 Encoding and Packetisation Latency

Encoding/decoding digitised voice and loading/unloading packets for transmission in packet
networks introduces several types of delay.

6.4.1 Frame length

The frame length is the length of the speech waveform that is generally processed at a time (see
also “look-ahead” in section 6.4.2). A waveform sample is digitalised in the case of waveform
codecs or speech parameters are computed in the case of speech synthesis (non-waveform)
codecs for each frame and transmitted for every frame. The speech representation is
reconstructed at the decoder.

* A packet network with packet loss equates to a frame erasure channel.
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6.4.2 Look-ahead

To analyse the speech properly, speech data beyond the frame boundary is commonly included in
non-waveform codecs frame encoding calculations. This is called look-ahead. Thus it is
necessary to buffer a frame plus look-ahead, and this is called algorithmic delay. It cannot be
reduced in implementation (the subsequent CPU processing time to calculate the speech
parameters may vary, and is assumed by the ITU-T to be optimum when equal to the frame length,
[7] Annex A).

6.4.3 Packetisation

For IP transmission the continuous digital voice signal from the codec has to be packetised,
requiring dividing the encoded signal into equal length sections which comprise the IP packet
payloads. The length of each section is a multiple of the codec frame length.

Transmitted bandwidth can be reduced by increasing the size of the IP packet payload by loading
multiple speech frames into each packet, however this increases the total latency thus reducing
speech quality for end-to-end calls >150-200 ms (see section 7.5). Examples of transmission
bandwidth at the link layer are given in the i3 forum Technical Interconnection Model [1].

Packetisation periods (pp) longer than 40 ms are not used in telecommunications networks due to
additional latency and increased risk of voice clipping (an upper limit of 64 ms per IP packet is
recommended by the ITU-T G.108 [6], Annex B, B.3).

6.4.4 Output Queuing Delay

This is the time taken at the send end to “clock” the packetised signal into an IP facility, and is
generally low except for some Service Provider (Access) networks which have low bandwidth.

6.4.5 De-Jitter Buffer

A de-jitter buffer is required at the receive end of an IP transmission network to store the arriving
packets to facilitate a continuous playout of the de-packetised, coded digital signal into the
decoder. This buffer counters transmission timing variations in the packet network and clock
asynchronism. The de-jitter buffer is described more fully in section 8.3.3.

6.4.6 Combined Effect of Speech Processing Delay Factors
The minimum codec speech processing delay is
(frame length + look ahead ) + frame length = 2 x frame length + look-ahead

where the second frame length is the time to calculate the coded signal (CPU time), assumed
optimised when calculation is finished just as the next frame is available for calculation.

Loading the frames of coded voice into IP packets is practically instantaneous, [7] Annex A.
However for multiple frames per packet, additional latency results from the time the first frame is
held until the final frame is calculated and available to concatenate and drop into the IP packet.
Additional delay to clock the packets out into the link layer is low for a high speed link, thus speech
processing time (codec processing + packetisation) is

(N + 1) x Frame length + look-ahead

where N is the number of frames per packet [7].

The codec is generally located in the Service Provider access network where, if the bandwidth is
limited, or congestion occurs, the delay may increase over that given above. The maximum speech
processing time permitted, [7] Annex A, is

(2N + 1) x Frame length + look-ahead
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Common frame lengths and packetisation periods used for several codecs, together with one-way
delays of coder and packetisation time processing in accordance with ITU-T G.114, [7] table 1.4,
are given in Table 1.

6.5 Speech Distortion

Preserving speech as naturally as possible is essential to satisfy users. Generally low bit rate
codecs have an increased complexity (resulting in latency increase and more computation) to
minimize distortion. In addition, they become optimised for speech (the “codebook” parameters are
optimised for speech, see section 6.1.2) to minimize degradation at lower bit rates> ®  When
codecs are operated at very low bit rates speech tends to become metallic or robotic, losing its
naturalness.

Typically One-way delay introduced by
used coder-related processing per
Look- packetisation G.114 (ms)
Frame ahead periods (pp)
Codec size (ms) (ms) (ms) Min Max
G.711 0.125 0 10 10.125 20.125
20 20.125 40.125
40 40.125 80.125
G.729 10 5 10 25 35
20 35 55
30 45 75
40 55 95
G.723.1 30 7.5 30 67.5 97.5
AMR 20 5 20 45 65
40 65 105
G.726 0.125 0 10 10.125 20.125
20 20.125 40.125
30 30.125 60.125
FR-AMR 20 5 (note 1) 20 45 65
G.722 0.125 0 10 10.125 20.125
G.722 0.125 0 20 20.125 40.125
G.722.2 | AMR-WB 20 5 20 45 65

Note 1. The 5mS look ahead is a dummy at the 12.2kbit/s Full Rate to allow seamless
frame-wise mode switching with the rest of the FR-AMR rates.

Note 2.  The higher pp values such as 40ms are less commonly used than the lower pp
values (particularly 20ms) and are included here because of their relevance to
reducing transmitted bandwidth on links with high bandwidth cost, see section 12.

Tablel Common Codec Frame Sizes, Packetisation Periods and Encoding +
Packetisation times

This means that Low Bit Rate speech codecs generally cannot handle music, nor do they transmit tones
or fax transmissions reliably, so that if tones must be transmitted, codecs such as G.711 must be used.

It is common to optimise codecs for the application. Other codecs are optimised for music, such as MP3,
and video, such as MPEG-2 and MPEG-4.
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Voice codec basic features, including the codecs cited in the “i3 Forum Technical Interconnection
Model for International Voice Networks”[1] are presented in Table 2.

As codecs are developed it is common to conduct subjective voice quality tests (see section 7.1)
according to ITU-T Rec. P.800 [10] on that codec. The values (generally expressed as Mean
Opinion Scores — MOS) resulting from such tests depend on the test configurations (see section
7.1) but are an accurate customer opinion rating when many listeners and many languages are
admitted to the experiments. These values are known as the intrinsic MOS for that codec, and
equivalent values expressed as the R-factor are included, where known, in Table 2 (see section
7.2 for the R-factor and its conversion to MOS in section 7.3).

6.6 Voice Activity Detection and Discontinuous Transmission

Conversational speech is generally punctuated by periods of talker “silence” as the “far-end”
customer speaks. During such periods of “silence”, the outgoing transmission rate may be
discontinued (discontinuous transmission is referred to as DTX). Periods of active speech are
detected by a Voice Activity Detector (VAD), with a fast attack time to avoid speech clipping, and a
hangover time to ensure that speech has truly stopped. VAD functions may be built into the codec
design, and the transmitted, packetised signal contains “instructions” to the decoder to decode the
resulting signal correctly.

Digital transmission channels are never completely silent, containing a base level of quantising
noise inherent from the A/D process plus added background noise of the speakers local
environment. Thus discontinuous transmission would create an unnatural (uncomfortable) silence
interpretable by the listener as a broken connection if artificial noise was not inserted to simulate a
continuous channel. Such “comfort” noise is injected at the receiving end by a Comfort Noise
Generator (CNG). Codecs with VAD/DTX/CNG also send, in the “silence” period, a description of
the noise level and associated spectral information to allow the CNG to mimic and track the actual
sending end noise level, so that the listener does not notice noise level changes between speaking
and silent periods. This information occupies a small transmitted bandwidth, thus the use of
VAD/DTX/CNG can considerably reduce the average voice packet transmission rate and hence
improve bandwidth efficiency. Packet size may be reduced and transmission rate lowers during
silence.

Some mobile codecs utilise dynamic control of the codec bit rate to achieve similar bandwidth
efficiency to VAD/DTX. For example, EVRC [11] codes background noise at lower rates than
active speech .

Codecs with VAD/DTX/CNG are included in Table 2. More information on VolP signal bandwidth
reduction by VAD/DTX/CNG is given in section 12.1.2. Information on RTP packetisation of voice
signals with DTX (silence suppression) independent of the codec is given in [12], section 4.1.

VAD/DTX introduces some latency, typically 20-40ms, with the higher values associated with
codecs which have longer frame lengths.

6.7 Coding of Wideband Speech

Wideband codecs often code information for different sub-bands separately to diminish complexity.
For example the speech frequency band input to the G.722 [13] and G.729.1 [14] wideband
codecs is split into a lower sub-band to 4KHz and a higher sub-band 4KHz to 8KHz, and each sub-
band signal is separately ADPCM encoded, the technique being called sub-band ADPCM (SB-
ADPCM). The AMR-WB (G.722.2 [13]) and G.718 [16] codecs encode separately the sub-bands
50Hz — 6.4KHz and 6.4 — 7TKHz .

" EVRC [11] codes active speech at Rate 1 (171 bits per packet = 8.55kbit/ss) or Rate ¥ (80 bits per packet

= 4kbits/s) and background noise at Rate 1/8 (16 bits per packet = 0.8kbits/s).
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6.8 Mobile Codecs

Generally, mobile codecs are designed for radio spectrum conservation and commonly have
dynamically variable bit rates to compensate for radio signal strength variations during a call. For
a call between two mobiles in a single SP area, the codec may operate at different bit rates on the
A and B legs of the call, due to different radio paths conditions. This means a transcoding8 takes
place between the two “codecs” (except if TFO or TrFO are used)

Earlier generations of mobile codecs typically have lower voice quality than “wire-line” or fixed
network codecs, and quality varied significantly during a call. However mobile codecs brought into
service over the last few years (such as GSM-EFR, AMR at bit rates above 8 kbit/s) have very
good speech quality, which under no packet loss conditions in fixed networks perform significantly
better than G.729.

For mobile calls the codec impairment is mainly increased due to Frame Erasure caused by packet
loss on imperfect radio paths. Some mobile codecs (such as G.722.2 [15]) also have the
capability to compensate for lost frames if externally signaled when frames are lost or corrupted.

6.9 The Media Stream and Media Stream Conversion

The stream of packets containing the voice signal in a VolP network is usually referred to as either
the RTP stream (after the Layer 4 protocol header) or the media stream. Building a packetised
media stream from the basic PCM continuous digital voice signal involves many signal processing
steps, most of which are effectively standardised (such as choice of the UDP transport header
rather than TCP®).

The three parameters of particular interest to the IP-based voice path engineer are the codec, the
packetisation period (both covered earlier in this section) and the G.711 companding law (covered
in section 11). Changing any of these parameters in the transmission path is called media stream
conversion. The most commonly referred to media stream conversion is transcoding, which strictly
means converting the encoding of the voice from one codec (such as G.729) to another codec
(such as AMR-NB). This is covered more in section 9. Changing the packetisation period is
sometimes called transrating, and some situations where transrating might be considered are
given in sections 12.1.2 and 12.1.3. Both codec and packetisation period conversions require the
VolIP signal to be de-packetised, introducing additional latency and interrupting the continuity of the
RTCP stream, which potentially limits the usefulness of RTCP for QOS measurements.

The G.711 codec, being predominantly the A/D function of converting from analogue to digital
(linear) PCM, also contains a companding function, which follows the p-law recommendation in
USA and Japan, and the A-law recommendation in other countries [2]. Companding conversion is
also a media stream conversion and IP-based voice engineers working with G.711 must take care
not to overlook this requirement as companding conversion may have to be specifically included in
some possible network configurations (note that responsibility lies, by international agreement [2],
with the p-law countries, and generally the international carrier at the international/domestic
interface has taken the responsibility for conversion in TDM networks). This is a particularly
important media conversion give the prevalence of the G.711 codec in NB voice; more details are
in section 11.

This type of transcoding is often called self tandeming.

This eliminates the latency that TCP retransmission requests can introduce, it is better to have some
missing voice packets than delay the whole signal to wait for missing packets to be re-transmitted.

9
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A Narrowband codecs

Codec Technology Sampling | Audio Bit Rate Frame | Packet | Look Codec Min Max. |[Transco| CPULoad |VAD/| le | By |Burst n/ le- | PLC R-
Frequency | Band length | length | ahead | Proces | Codec + | Codec + | ding DTX/| ) | (@ | R(@) | Ppl | eef 0) factor
(a) sing Packetis | Packetis | toler CNG (0) (0) (h)
Delay ation ation ance (d)
(b) one way | one way ©)
delay (c) | delay (c)
kHz kHz kbit/s ms ms ms ms ms ms MIPS
10 10,125 20,125 4(q) N
G.711 5
20 20,125 40,125 0 4 N
25 92,3
] 10 10,125 20,125 App i Y App |
PCM 8 0,3-3,4 | Fix 64 0,125 0 0,25 Yes 0,01 ) o | (@
G.711+PLC 20 20,125 40,125 (2q5) Y App |
20 20,125 | 40,125 591 | 6/15| 7 | (p) | 853
20 20,125 | 40,125 784 | 82 | 10| (p) | 823
G.711.0 LC PCM 8 03-34 |Var | ~32 5 10 0 10 10 15 Yes |1.667 WMPOS ipﬁf 0 92.3
_ 10 25 35 Ann Y | 823
G.729 CS-ACELP 8 03-34 | Fi 8 10 5 25 no 18 10
20 35 55 B Y | 823
. 10 25 35 Ann 19 Y Y 81,3
G.729a+VAD | CS-ACELP 8 0,3-3,4 | Fix 8 10 5 25 no 10.5 11
20 35 55 B 0} Y Y 81,3
_ 10 25 35 Ann Y
G.729d CS-ACELP 8 0,3-3,4 | Fix 6,4 10 5 25 no 20 B/F
20 35 55 Ann F Y
Ann 8
10 25 35 B/G 4 0 4 Y 88,3
Ag” 4 Y | 883
G.729%e CS-ACELP 8 0,3-3,4 | Fix 11,8 10 5 25 no 25-30
20 35 55 Amn g | 8l 591 |65 | 9 | Y | 833
G n
Ann 8
G 4 " 7,84 8/2 11 Y 81,3
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Codec Technology Sampling | Audio Bit Rate Frame | Packet | Look Codec Min Max. |[Transco| CPULoad |VAD/| le | By | Burst n/ le- | PLC R-
Frequency | Band length | length | ahead | Proces | Codec + | Codec + | ding DTX/| ) | (@ | R(@) | Ppl | eef 0) factor
(a) sing Packetis | Packetis | toler CNG (0) (0) (h)
Delay ation ation ance (d)
(b) one way | one way ©
delay (c) | delay (c)
kHz kHz kbit/s ms ms ms ms ms ms MIPS
14,48 WMOPS
G.729.1 Narrow EV-CELP 8 8 Kbit/
band low delay (8 kbit/s) Ann
+TDBWE+ 8 0,05-4.0 | Var 20 20 5 25 25 45 Yes Y
mode (8, 12 12 17.30 WMOPS c
. MDCT
kbit/s) (12 kbit/s)
ACELP 53 19 Y Y 73,3
G.723.1 8 03-34 | Fix 30 30 75 67,5 67,5 97,5 no 18-20 Ann 16
MP-MLQ 6,3 A 15 © Y 77,3
e o v
AMR MR-ACELP 8 0,3-34 | Var : 20 20 5 45 45 65 16,7 WMOP Y
12.92 GSM- 5 87.3
' EFR (2) (2)
16 50 N 42,3
) 24 25 N 67,3
G.726 ADPCM 8 0,3-3,4 | Fix 0,125 10 0 0,25 10,125 20,125 Yes ~8 N
32 N 85,3
40 N 90,3
15.2 20 20 0 40 40 60 10 Y 82.3
ILBC (V) BI-LPC 8 0,3-3,4 | Fix no 18 Y
13.3 30 30 0 60 60 90 Y
GSM-HR VSELP 0,3-3,4 | Fix 5.6 20 20 0 40 40 60 no 15.2 WMOPS Y 23 Y 69.3
GSM-FR RPE-LTP 0,3-3,4 | Fix 13 20 20 0 40 40 60 no 15.2 WMOPS Y 20 Y 72.3
GSM-EFR ACELP 0,3-3,4 | Fix 12.2 20 20 0 40 40 60 no 15.2 WMOPS Y 5 10 Y 87.3
8, 12, 13.875 | 53.875
G.718 (X) ACAE)LcPTJr 8,16 0.3-3.4 | Var | 16, 24, 20 20 - - 52585’5_ 73?;?; Yes | 43.9wWMPOS | Y
32 23.875 | 63.875 ’ ’
16 35-40 N 7 Annl | 85.3
. 128 35-41 N 20 Annl | 72.3
G.728 LD-CELP 8 0,3-3,4 | Fix | AnnH 0.625 10 0 1.25 10.625 20.625 Yes
9.6
Ann H
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Codec Technology Sampling | Audio Bit Rate Frame | Packet | Look Codec Min Max. |[Transco| CPULoad |VAD/| le | By | Burst n/ le- | PLC R-
Frequency | Band length | length | ahead | Proces | Codec + | Codec + | ding DTX/| ) | (@ | R(@) | Ppl | eef 0) factor
(a) sing Packetis | Packetis | toler CNG (0) (0) (h)
Delay ation ation ance (d)
(b) one way | one way ©
delay (c) | delay (c)
kHz kHz kbit/s ms ms ms ms ms ms MIPS
RCELP/AC 0.8, 4,
Y
IS-127 EVRC | ELP 8 03-34 |var| 855 20 20 5 45 45 65 no 25-30 Y
ACELP 8.5 6 Y 86.3
SILK 8, 12, Var | 6-40 20 20 5 25 N
SVOPC (w) 8 Fix 30ms
or
Var
B_Wideband Codecs
Codec Technology Sampling | Audio Bit Rate Frame | Packet | Look | Codec Min Max. |Transco| CPU Load VAD/| le, | By |Burst n/ le- | PLC R-
Frequency | Band length | length | ahead | Proces | Codec + | Codec + ding DTX/| wh | (@) | R(g) | Ppl | eef (i) factor
(a) sing Packetis | Packetis | toler CNG | () (o) (0) (h)
Delay ation ation ance (d)
(b) one way | one way
delay (c) | delay (c) | (©
kHz kHz kbit/s ms ms ms ms ms ms MIPS
G.711 (j) 36 93
G.711.1 (n) IT/ICI;’\CA:'I{Q 8and 16 | 0,05-7,0 | Var 64’20’9 5 5 6.875 16.875 | 16.875 21.875 Yes 8.7 WMOPS N Y
8 42.8 WMOPS
12 48 WMOPS
CELP + 16 52.8 WMOPS
G.718 (x) 16 0.05-7.0 | Var 20 20 22.875 | 62.875 | 62.875 82.875 Yes Y
MDCT 24 54.9 WMOPS
32 55.9 WMOPS
12.65 42.1 WMOPS 13 4 116
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Codec Technology Sampling | Audio Bit Rate Frame | Packet Look Codec Min Max. |[Transco| CPU Load VAD/| le, | By |Burst n/ le- | PLC R-
Frequency | Band length | length | ahead | Proces | Codec + | Codec + | ding DTX/| wh | (@ | R(g) | Ppl | eef 0) factor
(a) sing Packetis | Packetis | toler CNG | (f (0) (0) (h)
Delay ation ation ance (d)
(b) one way | one way
delay (c) | delay (c) | (©
kHz kHz kbit/s ms ms ms ms ms ms MIPS
0,05-4.0 5
EV-CELP (low Ann
G.729.1 +TDBWE 8orl6 or Var 14 20 20 delay 28.9375 28.9375 48.9375 Yes 24 WMOPS C Y
0,05-7,0 mode)
14, 16,
18, 20,
EV-CELP 0,05-4.0 gg gg' Ann Y
G.729.1 () +TDBWE+ 8 or 16 or Var 30’ 32' 20 20 28,9375 68,9375 | 68,9375 88,9375 Yes 36 WMOPS C
MDCT 0,05-7,0 ’
’ ’ 24 16 Y 113
32 7 122
48 0,125 20 0,25 20,125 40,125 10 MIPS N 31 N 98
56 0,125 20 0,25 20,125 40,125 10 MIPS N 20 109
App
G.722 SB-ADPCM | 16 | 0,05-7,0 | Fix 10MIPS N8 T mo | 116
64 0,125 20 0 0,25 20,125 40,125 10 MIPS N 13 5 AI\;;p 116
10 MIPS N 13 N 116
. 24 20 20 20 60 60 80 no < 5.5 WMOPS N 19 N 110
G.722.1 MLT 16 0,05-7,0 | Fix
32 20 20 20 60 60 80 no < 5.5 WMOPS N 13 116
6.6 —
23 85 39WMOPS (s) | Y
6,6 (t) 41 88
8,85 () 26 103
AMR-WB /
G.722.2 (K) ACELP 16 0,05-7,0 | Var 12,65 20 20 5 45 45 65 no (t) Ann 13 4 App | 116
15,85 (t) A&B 122
23,05 () 5 128
23,85 {t) (u) 5 121
SILK 16 Var 8-30 20 20 5 25 25 45 N
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Codec Technology Sampling | Audio Bit Rate Frame | Packet Look Codec Min Max. |[Transco| CPU Load VAD/| le, | By |Burst n/ le- | PLC
Frequency | Band length | length | ahead | Proces | Codec + | Codec + ding DTX/| wh | (@ | R(g) | Ppl | eef 0]
(a) sing Packetis | Packetis | toler CNG | (f (0) (0)
Delay ation ation (d)

(b) one way | one way ance

delay (c) | delay (c) | (©

R-
factor

(h)

kHz kHz kbit/s ms ms ms ms ms ms MIPS

SILK 24 Var | 12-40 20 20 5 25 25 45 N
SVOPC (w) 16 Fix 10 10 30ms 40 40 50 Y

or

Var
Terms used in the table
1. Var means Dynamically Variable bit-rate during a call. Some fixed codecs have different bit rates available, but the rate does not change during call.
2. MIPS Millions of Instructions per Second
3. WMOPS Weighted Million Operations Per Second, an ITU-T measure of computational complexity, similar to MIPS. WMOPS are roughly equivalent to MIPS for fixed-point

processors used in commercial codecs.

Notes:
(a) Typically encountered packetisation rates only.

(b)
(©

(d)
(€)

Codec Processing Delay refers to the processing delay requirements of the encoder (send side) for a single frame as per G.114 A.2 [7] This is longer than quoted algorithmic
delays for encoders.

Min. and Max. delays refer to multiple frames per packet calculated as per G.114 A.2.4 [7]. The difference between Max. and Min. is determined by the serialisation delay to line
of the codec frames wrapped in layer 2 and layer 3 protocol headers/trailers, and is therefore dependent on the link bit rate, application of QOS, and queuing delays for other
session packets already transmitting to line (link congestion characterisation).

Refers to Annexes/Amendments to base standards for operation, and "N" does not preclude use of proprietary forms. Impairments within the E-Model are not generally
considered, but if so they are then explicitly included under Codec type.

There is always transcoding tolerance within families where backward compatibility applies, for example AMR-NB to GSM-EFR would negotiate to operate as GSM-EFR.

G.726 [17] is transcoding tolerant when synchronously tandemed.

(f) le for narrow band codecs and le,wb for wideband codecs (in a monotic listening context) as per ITU-T G.113 [18] Appendices | and IV respectively. For narrow band codecs,
le,wb =le + 35,8.

(g) Burst Ratio is valid when Bpl=16, denoted by "Y", and BurstR is stated the Bpl is valid for this value only. Refer ITU-T G.107 [19] par 3.5 & G.113 [18] Appendix | for specific
limitations and conditions. For WB codecs, Bpl assumed in diotic listening context. G.107 is currently being updated to provide an improved treatment of packet loss robustness.

(h) Highest achievable R score within an optimal speech channel with no packet loss, and taking no account of the additional delay that is introduced (typically negligible impact for
a domestic TDM baseline). Narrowband codecs have a maximum of 93.2, Wideband 129 [4].

(i) Packet Loss Concealment (PLC) improves performance under packet loss conditions and is incorporated in complex codecs by default. For others such as G.711 [2],
impairment values may be available with and without PLC, either incorporating the performance into an effective le value (le-eff) or through the factors Bpl, Ppl and BurstR as
defined in the E-model. See also notes (g),(0),&(p)-

() G.711[2] performance when compared to wideband codecs yields an le that allows use of an expanded R scale, and is shown here for comparative purposes.
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G.722.2 [15] is also known as AMR WB for mobile but is not backward compatible with the AMR codec.

G.729.1[14] is also known as G.729 Annex J and G.729EV and supports backward compatibility modes to G.729/a/b and a new Narrowband bit rate of 12Kbps. Low frequency
range is extended to 50Hz. le,wb values are not ratified and are proposed for diotic (two ears or speakerphone) listening. Algorithmic delay is stated in G.729.1 par 5.6, as
48.9375ms.

G.718 [16] par 5.2 states Wideband algorithmic delay to be 42.875ms.

G.711.1 [21] par 6.5 states Wideband algorithmic delay to be 11.875ms. G.711.1 falls back to G.711 when used in a mixed wideband/narrowband call path.

For some specific cases of number of lost packets "n", percentage Packet Loss "Ppl" and BurstR, an le-eff (effective le value) may be directly used in formula 3 of G.107 [19].
PLC type of "Repeat 1/Silence". Refer G.113 [18] Table I.5.

for 10 ms packets

for 20 ms packets

The complexity quoted for G.722.2 is for the highest complexity implementation.

The complexity varies with bit rate, generally being higher for higher bit rates except for the 23.85kbit/s rate which is slightly less complex.

The higher voice frequencies are handled differently in this highest bit rate, from directly transmitted information.

iLBC is specified in the experimental RFC 3951.

Sinusoidal Voice Over Packet Coder is based on quasi-harmonic modeling of the Linear Prediction (LP) residual [9]. Relies on floating point implementation such as provided
by a PC rather than on a DSP.

G.718 is designed to be highly robust to frame erasures, enhancing voice quality on IP transport applications. It also has an alternate coding mode, at 12.65kbit/s, which is
bitstream interoperable with ITU-T Rec G.722.2, 3GPP AMR-WB, and 3GPP2 VMR-WB mobile wideband codecs. The lookahead numbers in the table include input and output
resampling filters and an additional 10ms decoder delay, the overall delay can be reduced by 10ms if the output is limited to Layer 2 for NB input and output.

G.711 App Il only describes the CNG payload and does not specify VAD nor DTX.

Estimated figure, same as GSM-EFR since the AMR codec is compatible with the GSM-EFR codec at this bit rate.

Table 2 Basic voice codec features
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7 Voice Quality Evaluation

7.1 Mean Opinion Score (MOS)

A commonly used voice quality scale is the Mean Opinion Score (MOS). MOS is a subjective
value defined in ITU-T Rec. P.10/G.100 [22], as follows: “The mean of opinion scores, i.e. of the
values on a predefined scale that subjects assign to their opinion of the performance of the
telephone transmission system used either for conversation or for listening to spoken material.”

There exist different MOS scales depending on the task undertaken. The most common and
known is MOS-LQ for the listening-only context. MOS-TQ applies for talking-only situations. MOS-
CQ applies for real conversational quality.

MOS scores can also have different origins:

- subjective tests (e.g.: MOS-LQS from P.800 tests [10]),

- measurement tools or methods (e.g. MOS-LQO with PESQ),

- planning and estimation tools (e.g. MOS-CQE with the E-model).
Measurement methods have to be divided into two families:

- psycho-acoustical models, signal-based ; the most commonly used model of this family is
PESQ (ITU-T P.862 [23]),

- parametric models, taking benefit of protocol information ; for IP-based voice, they must
comply with ITU-T Rec. P.564 [24].

The audio bandwidth must also be taken into account. Three contexts must be distinguished by
adding "N", "W" or "M" to the MOS scale names mentioned above for respectively:

- narrow band only (e.g. MOS-LQON with P.862.1 [25]),
- wide-band only (e.g. MOS-LQSW with P.800 [10] in wide-band context),
- mixed-band (e.g. MOS-LQOM with P.862.2 [26] ).

ITU-T Rec. P.10/G.100 [22] gives all details about different MOS scales.

During subjective listening tests, listeners participate in a well balanced, subjective experiment
[27], listening to a pre-defined set of sentences, and score the results (their opinions on quality) on
a scale of 1 to 5, which are then averaged [10]:

MOS Classification
Excellent

Good

Fair

Poor
Bad

RIN W A~ O

Table 3 Scale of MOS values.

It is important to note that subjective test results exhibit a variability, ITU Recommendation P.833
[28] states “Subjective tests, even if carefully designed and carried out under controlled conditions,
cannot provide quality ratings which are 100% reproducible under the same conditions. The
composition and experience of the test panel, choice of test conditions and stimulus material, test
set-up and environment lead to an inherent variability. This variability can also be found in the
mean ratings calculated over a large number of individual responses. As a consequence,
equipment impairment factors derived from one test will vary to a certain extent if compared to
other test data”.
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Care is also needed when comparing MOS from different laboratories because MOS is also
affected by language and culture, e.g. Japanese MOS tends to be less than that measured in other
countries [29]. To minimise such effects, reference conditions (clean speech, MNRU’S) are used.

Subjective tests have historically only applied to narrow band voice, and there is a wealth of MOS
data available for most narrow-band codecs. This remains highly relevant because there is a vast
embedded base of narrow band telephony (contributed by the existing PSTN) which will co-exist
and interwork with IP-based voice networks for many years.

However because IP-based voice networks are not specifically designed for narrow band voice,
wideband voice codecs are now coming into use (see sections 6.1 and 6.3) and MOS
measurements are also applied to those codecs. Care is needed in designing experiments to be
meaningful to both narrow band and wideband codec’s as these may be mixed within a network.
For example MOS ratings differ between tests according to whether narrowband, mixed
narrowband/wideband or only wideband stimuli are presented, as the use of the MOS scale is
largely dependent of the stimulus set [4].

The subjective assessment of wideband codecs [19] without any comparative reference of
narrowband coding leads to a range of MOS scores similar to narrowband codecs. However when
subjective tests are conducted with a mix of wideband and narrowband codecs the narrow band
codecs receive lower MOS scores. With such properly designed experiments, wideband voice
scores 0.5 to 1 MOS greater than narrow band voice. In such wideband/narrow band voice
comparisons, the G.711 PCM codec used as reference gets a MOS-LQSM score between 3.5 and
3.7 in mixed wideband and narrowband codec subjective test experiments, compared to a MOS-
LQSN score of 4.4 - 4.5 when listeners are presented with only narrow band voice codecs
(customers exposed to wideband speech rate narrow band speech as lower quality).

The additional quality perceived of wideband codecs is particularly important in view of the
transcoding impairments presented in section 10.2.

7.2 E-Model — Narrowband Codecs

It is not practical to perform auditory tests during transmission planning. A widely used
Transmission Rating Model for representing voice quality is the E-model as defined by the ITU Rec
G.107 [19]. ITU Rec. P.834 adds “[It] is the only one [method] recommended by ITU-T for
describing the subjective effects of digital processes other than pure PCM on the integral quality
for transmission planning purposes”. This model uses transmission impairment factors that
represent the effects of modern signal processing devices (including codecs). All impairments
modeled are additive (the E-model model being based on psychological factors which on a
psychological scale are additive [19]), thus the impairments of transmission segments (e.g. Carrier
A, the International Carrier, and Carrier B as well as Service Provider networks) can be added® to
estimate end-to-end voice quality.

The E-model was developed for the PSTN, thus most development and experience is with narrow
band codecs. Extension of the E-model to wideband codecs is given in section 7.7.

The primary output of the E-model is the Rating Factor or R (often called the R-Factor) which is
composed of:

R=Ro-Is—Ild-le+A

% Note however that some impairments such as echo and loudness ratings need to be calculated for the

end to end call, while impairments such as delay etc are able to be added for each segment of the call but
again are considered in a single calculation for the end to end call.
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Ro Represents in principle the basic signal-to-noise ratio, including noise sources such as circuit
noise and room noise.

Is Is a combination of all impairments which occur more or less simultaneously with the voice
signal.

Id represents the impairments caused by delay

le Effective equipment impairment factor: represents impairments caused by low bit-rate codecs. It

also includes impairment due to packet-losses of random distribution

A Advantage factor: allows for compensation of impairment factors when there are other
advantages of access to the user. See [18] Appendix Il and section 8.5.

Table 4. Impairments contributing to R-Factor.

The term RO and the IS, le and Id values may be subdivided into further specific impairment
values. Further detail is in [19], in [6] and in section 8.

7.3 E-Model Relationship to MOS for Narrow Band Codecs

The R-Factor can be transformed into estimates of customer opinion factors, such as MOS. When
estimated from the E-model it is called MOS Communication Quality Estimated or MOScqEe [10],
[30]. The following formula for estimating MOScqe applies to narrow band voice only.

ForR<O MOScoe =1
For0<R <100 MOScqe =1 + 0.035R + R(R — 60)(100 — R) 7x10°°
For R> 100 MOScoE = 4.5

Excellent 5,00
4,50 A
Good 4,00
3,50

MOScqe = f(R)

Fair 3,00

MOSCcQE

2,50

Poor 2,00

1,50

Bad 1,00
0 10 20 30 40 50 60 70 80 90 100

R factor

Figure 2 MOSCQE = f(R)

7.4  Transmission Quality Category in the E-model — Narrow Band Codecs

The R-Factor is related to User Satisfaction and to Speech Quality Transmission Category as
shown in Figure 3 for homogeneous voice paths containing only narrow band codecs [31].
Customer opinion score estimates, MOScqE, are also indicated.
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Speech
) _ Transmission
R User Satisfaction Quality Category MOScqe

100 ‘ 4.5

G.107 Maximum
value for G.711 93.2 4.4
4.34

narrow band voice 90
Satisfied High
L 4.03

Some Users Dissatisfied Medium

70 3.60
Many Users Dissatisfied Low

60 3.10

Nearly All Users Dissatisfied
50 2.58
Not Recommended
0 1.0

Very Satisfied Best

Figure 3 Classification of speech quality for different R-Factors

Note that the classifications in Figure 3 are for convenience only; the range of speech quality is
actually a continuum; ref [31] stresses “It is very important to fully understand the principle .... the
R-value is a measure of a quality perception to be expected by the average user when
communicating via the connection under co