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Intellectual Property Rights

IPRs essential or potentially essential to the present document may have been declared to ETSI. The

information pertaining to these essential IPRs, if any, is publicly available for ETSI members and non-
members, and can be found in SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially
Essential, IPRs notified to ETSI in respect of ETSI standards", which is available free of charge from the
ETSI Secretariat. Latest updates are available on the ETSI Web server (http://www.etsi.org/ipr).

Pursuant to the ETSI IPR Policy, no investigation, including IPR searches, has been carried out by ETSI. No
guarantee can be given as to the existence of other IPRs not referenced in SR 000 314 (or the updates on
the ETSI Web server) which are, or may be, or may become, essential to the present document.

Foreword

This European Standard (Telecommunications series) has been produced by ETSI Technical Committee
Special Mobile Group (SMG), and is now submitted to the ETSI standard One-step Approval Procedure.

The present technical report provides the performance results of the Verification and Characterization
phases of testing of the GSM Adaptive Multi-Rate (AMR) speech codec.

The content of the present document is subject to continuing work within SMG and may change
following formal SMG approval. Should SMG modify the contents of the present document it will be re-
released with an identifying change of release date and an increase in version number as follows:

Version 7.x.y, where:
7 indicates Release 1998 of GSM Phase 2+

x the second digit is incremented for all changes of substance, i.e. technical enhancements,
corrections, updates, etc.

y the third digitis incremented when editorial only changes have been incorporated in the
specification.

Proposed national transposition dates

Date of latest announcement of this EN (doa): 3 months after ETSI publication

Date of latest publication of new National Standard
or endorsement of this EN (dop/e): 6 months after doa

Date of withdrawal of any conflicting National Standard (dow): 6 months after doa
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1 Scope

This-is-thefirst-version-ofthe technical report providesing background information on the performances
of the GSM Adaptive Multi-Rate (AMR) speech codec. Experimental test results from the Verification
and Characterization phases of testing are reported to illustrate the behavior of the GSM AMR in
multiple operational conditions.

2 References

The following documents contain provisions that, through reference in this text, constitute provisions
of the present document.

o References are either specific (identified by date of publication, edition number, version
number, etc.) or non-specific.

e Foraspecificreference, subsequent revisions do not apply.
e Foranon-specific reference, the latest version applies.

e Anon-specificreference to an ETS shall also be taken to refer to later versions published as an EN
with the same number.

[1] GSM 01.04: "Digital cellular telecommunications system (Phase 2+); Abbreviations and
acronyms".

[2] GSM 03.50: "Transmission planning aspects of the speech service in the GSM Public Land
Mobile Network (PLMN) system".

[3] GSM 06.08: "Digital cellular telecommunications system; Half rate speech; Performance of the

GSM half rate speech codec".

[4] GSM 06.55: "Digital cellular telecommunications system; Performance Characterization of the
GSM Enhanced Full Rate (EFR) speech codec".

[5] GSM 08.6-80: "Digital cellular telecommunications system; In-band control of remote

transcoders and rate adapters for Full Rate traffic channels".

[6] GSM 08.61: "Digital cellular telecommunications system; In-band control of remote
transcoders and rate adapters for Half Rate traffic channels ".
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3 Definitions and abbreviations

3.1 Definitions

The following terminology is used throughout this report.

Adaptive Multi-Rate (AMR) codec Speech and channel codec capable of operatingat gross bit-rates of 11.4 kbit/s (“half-
rate”) and 22.8 kbit/s (“full-rate”). In addition, the codec may operate at various
combinations of speech and channel coding (codec mode) bit-rates for each channel

mode.
Bit-rate change Change ofthe codec mode bit-rates for a given (HR/FR) channel mode.
Channel mode Half-rate or full-rate operation
Channel mode adaptation The control and selection of the (FR or HR) channel mode.
Codec mode For a given channel mode, the bit partitioning between the speech and channel codecs.
Codec mode adaptation The control and selection of the codec mode bit-rates.
Error Patterns Result of offline simulations stored on files. To be used by the "Error Insertion Device" to
model the radio transmission from the output of the channel decoder and interleaver to
Error Insertion Device the input of the deinterleaver and channel decoder.
Full-rate (FR) Full-rate channel or channel mode
Gross bit-rate The bit-rate of the channel mode selected (22.8 kbit/s or 11.4 kbit/s).
Half-rate (HR) Half-rate channel or channel mode
In-Band Signaling Signaling for codec mode indication and modification carried within the traffic channel.
Out-of-Band Signaling Signaling on the GSM control channels to support link control
Toll Quality Speech quality normally achieved on modern wireline telephones.

Synonym with "ISDN quality" in most western countries.

Wireline quality Speech quality provided by modern wireline networks. Normally taken to imply quality at
least as good as that of 32kbit/s G.726 or G.728 16 kbit/s codecs.

3.2 Abbreviations

For the purposes of the present document, the following abbreviations apply:

A/D Analogue to Digital

ACR Absolute Category Rating

ADPCM Adaptive Differential Pulse Code Modulation
AMR Adaptive Multi-Rate

BSC Base Station Controller

BTS Base Transceiver Station

c/l Carrier-to-Interfere ratio
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Discontinuous Transmission for power consumption and interference reduction

Product of E (Efficiency), S (Speed) and P (Percentage of Power) of the DSP

International Telecommunication Union - Telecommunications Standardization Sector

Cl Confidence Interval

CNI Comfort Noise Insertion

CRC Cyclic Redundancy Check

D/A Digital to Analogue

DAT Digital Audio Tape

DCR Degradation Category Rating

DSP Digital Signal Processor

DTMF Dual Tone Multi Frequency

DTX

EFR Enhanced Full Rate

ESP

FR Full Rate (also GSM FR)

FH Frequency Hopping

G.726 ITU 16/24/32kbit/s ADPCM codec

G.728 ITU 16kbit/s LD-CELP codec

G.729 ITU 8/6.4/11.8 kbit/s speech codec

GBER Average gross bit error rate

GSM Global System for Mobile communications
HR Half Rate (also GSM HR)

IRS Intermediate Reference System

ITU-T

MNRU Modulated Noise Reference Unit

Mod. IRS Modified IRS

MOPS Million of Operation per Seconds

MOS Mean Opinion Score

MS Mobile Station

MSC Mobile Switching Center

PCM Pulse Code Modulation

PSTN Public Switched Telecommunications Network
Q Speech-to-speech correlated noise power ratio in dB
SD Standard Deviation

SID Silence Descriptor

SMG Special Mobile Group

SNR Signal To Noise Ratio

TCH-AFS Traffic CHannel Adaptive Full rate Speech
TCH-AHS Traffic CHannel Adaptive Half rate Speech
TDMA Time Division Multiple Access

TFO Tandem Free Operation

tMOPS true Million of Operations per Seconds
TUx Typical Urban at multipath propagation profile at x km/s
VAD Voice Activity Detector

wMOPS wWeighted Million of Operations per Seconds

Multiple Error Patterns were used during the Characterization tests. They are identified by the

propagation Error Conditions from which they are derived. The following conventions are used:
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ECx Error Conditions at x dB C/I simulating a radio channel under static C/l using ideal
Frequency Hopping in a TU3 multipath propagation profile
DECi Dynamic Error Condition #i simulating a radio channel with a slowly varying C/I

representative of slow fading conditions, underideal Frequency Hoppingin a TU3
multipath propagation profile unless otherwise stated. (9 different Dynamic Error
Conditions were used in the AMR Characterization Phase)

For abbreviations not given in this sub-clause, see GSM 01.04 [1].

4 General

4.1 Project History

Following the standardization of the EFR speech codec, the SMG2 Speech Expert Group (SEG) and

especially the SQSG (Speech Quality Strategy Group) wereas tasked by SMG to study possible strategies

for the continuous improvement of the end to end performances of the speech service in GSM
networks. SEG was specifically asked to evaluate the opportunity to design a robust Full Rate mode
and/or an Enhanced Half Rate mode.

The SQSGEG report, presented to SMG in 1996, recommended to start a one-year feasibility study of a
Multi-Rate speech codec capable to offer at the same time a Robust Full Rate mode and an Enhanced
Half Rate mode providing wireline quality under low propagation error conditions?.

The feasibility study was completed in 3Q97 and the results presented to SMG#23. Based on the
feasibility report, SMG approved a new R98 Work Item for the development of the Adaptive Multi-Rate
(AMR) Speech Codec.

A Qualification Phase was completed by the end of 2Q98 with the pre-selection of 5 candidates among
the 11 proposals received by SMG11.

The selection tests took place in the summer of 1998 and the results analyzed in SMG11#7 in September

1998. SMG11 reached a consensus on one solution and recommended to SMG to select the ENS1 solution

proposed by Ericsson, Nokia and Siemens as the basis of the AMR standard. This proposal was approved
by SMG#27.

The completion of the AMR development included a short optimization phase restricted to the codec

proponents followed by an exhaustive Verification and Characterization Phase whose results are
reported in this Technical Report.

SMG later approved two additional Work Items for the selection of a Noise Suppresser and the

development of a Wideband extension of the AMR speech codec. The outcome of these Work Items is

not included in this Technical Report.

1 The SEG report also proposed to evaluate and standardize the Tandem Free Operation of the GSM codecs and proposed the creation of
anew STC, later called SMG11, responsible for the end to end quality of the speech service in GSM Networks.
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4.2 Overview of the AMR ConceptProject-Objectives

Unlike previous GSM speech codecs (FR, EFR, and HR) which operate at a fixed rate and constant error
protection level, the AMR speech codec adapts its error protection level to the local radio channel and
traffic conditions. AMR selects the optimum channel (half or full rate) and codec mode (speech and
channel bit rates) to deliver the best combination of speech quality and system capacity. This flexibility

provides a number of important benefits:

- Improved speech quality in both half-rate and full-rate modes by means of codec mode
adaptation i.e. by varying the balance between speech and channel coding for the same gross
bit-rate;

- The ability to trade speech quality and capacity smoothly and flexibly by a combination of
channel and codec mode adaptation; this can be controlled by the network operator on a cell
by cell basis;

- Improved robustness to channel errors under marginal radio signal conditions in full-rate
mode. This increased robustness to errors and hence to interference may be used to increase
capacity by operating a tighter frequency re-use pattern;

- Ability to tailor AMR operation to meet the different needs of operators;

- Potential forimproved handover and power control resulting from additional signaling
transmitted rapidly in-band.

The AMR codec concept is adaptable not only in terms of its ability to respond to changing radio and
traffic conditions but also to be customized to the specific needs of network operators. This allows the
codecto be operated in many ways of which three important examples are:

- Full-rate only for maximum robustness to channel errors. This additional robustness may be
used to extend the coverage in marginal signal conditions, or to improve the capacity by using a
tighter frequency re-use, assuming high AMR MS penetration.

- Half-rate only for maximum capacity advantage; more than 100% capacity increase achievable
relative to FR or EFR (i.e. same as existing HR). Significant quality improvements relative to the
existing HR will be given for a large proportion of mobiles as a result of the codec mode
adaptation to the channel conditions and excellent (wireline like) speech quality in half rate
mode for low error conditions.

- Mixed half/full rate operation allowing a trade-off between quality and capacity
enhancements according to the radio and traffic conditions and operator priorities.

4.32  Functional Description

The AMR speech codecincludes a set of fixed rate speech codecs modes for half rate and full rate
operation, with the possibility to switch between the different modes as a function of the propagation
error conditions. Each codec mode provides a different level of error protection through a dedicated

ETSI
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distribution of the available gross bit rate (22.8 kbit/s in Full Rate and 11.4 kbit/s in Half rate) between
source coding and channel coding.

The actual speech rate used for each speech frame depends on the existing radio channel conditions. A
codec adaptation algorithm selects the optimized speech rate (or codec mode) as a function of the
channel quality. The most robust codec mode is selected in bad propagation conditions. The codec
mode providing the best quality is selected in good propagation conditions. The codec adaptation relies
on channel quality measurements performed in the MS and the network and on in band information
sent over the Air Interface together with the speech data.

The following diagram shows the main information flows over the key system interfaces:
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SPE: Speech Encoder
SPD: Speech Decoder
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In both directions, the speech data frames are associated with a Codec Mode Indication used by the
receiving end to select the correct channel and source decoders. In the network, the Codec Mode
Indication must also be sent to the Transcoder Units so that the correct source decoding is selected.

For the adaptation of the uplink codec mode, the network must estimate the channel quality, identify
the best codec for the existing propagation conditions and send this information to the MS over the Air
Interface (Codec Mode Command Data field).

For the downlink codec adaptation, the MS must estimate the downlink channel quality and send to the
network a quality information, which can be mapped in the network to a ‘suggested’ codec mode.

In theory, the codec mode can be changed every speech frame. In practice, because of the propagation
delays and necessary filtering in the codec adaptation functions, the codec mode should be adapted at a
lower rate.

Each link may use a different codec mode but it is mandatory for both links to use the same channel
mode (either full rate or half rate).
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The channel mode is selected by the Radio Resource management function in the network. It is done at
call set up or after a handover. The channel type can further be changed during a call as a function of the
channel conditions.

The key characteristics of the selected AMR solution are:

- 8 codec modes in Full Rate mode including the GSM EFR and 15136 EFR.

- 6 codec modes in Half Rate mode (also supported in Full Rate), including the 1S136 EFR.

- Possibility to operate on a set of up to 4 codec modes selected at call set up or handover.

- Codec Mode Indications multiplexed with the Uplink Codec Mode Command and Suggested
Downlink Codec Mode every other frame.

—In band signaling based on a 2 bits information field sent every other block coded over the Air
Interface.

The full set of codec modes is listed in the following table:

Channel Source codec bit-rate

12.2 kbit/s (GSM EFR)
10.2 Kbit/s
7.95 kbit/s
TCHIFS/IAMR 7.40 kbit/s (IS136 EFR)
(TCHIAFS) 6.70 Kbit/s
5.90 kbit/s
5.15 kbit/s
4.75 kbitls
7.95 kbit/s
7.40 kbit/s (IS136 EFR)
TCH/HS/AMR 6.70 kbit/s
(TCHIAHS) 5.90 kbit/s
5.15 kbit/s
4.75 kbitls

Table 4.2.1: AMR Speech Codec Modes

4.4 Presentation of the following sections

The following sections provide a summary of the Characterization Phase test results and background

information on the codec performances analyzed during the Verification Phase.

Sections 5to 9 summarize the codec subjective quality performances under different representative

environmental conditions as measured during the Characterization Phase of the project. An overview of

the Characterization Phase is included in Annex 1. Additional test results are also provided in Annex 3.

Sections 10to 16 provide information on the codec characteristics as reported during the Verification
Phase including:

- _The transparence to DTMF tones,

- _The transparence to network signaling tones
- _The performances special input signals

- _The language and talker dependency

- _The frequency response

- _The transmission delay
-__The complexity

Annex 2 lists the reference contributions used in these sections.
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5 Quality in Clean Speech and Error Conditions

The codec performances in clean speech and error conditions were measured in Experiment 1a (Full
Rate) and 1b (Half Rate) of the Characterization phase of testing. The clean speech performance
requirements were set for the best codec mode in each error condition as defined in the following
table:

c/l Full Rate Half Rate
Best Codec Best Codec
performance performance
requirement (requirement)
No Errors EFR No Errors G.728 no errors
19dB EFR No Errors G.728 no errors
16 dB EFR No Errors G.728 no errors
13dB EFR No Errors FRat13dB
10dB G.728 No Errors FRat10dB
7dB G.728 No Errors FRat7dB
4dB EFRat10dB FRat4 dB

Table 5.1: Best Codec Performance Requirementsin Clean Speech and
Error Conditions

A summary of the essential test results is provided below. Additional results are included in Annex 3.

The following figures provide a graphical representation (in Mean Opinion Scores) of the AMR
performances in clean speech in Full Rate mode?2. Figure 5.1 compares the performance recorded for the

best AMR full rate codec mode for each impairment condition, with the corresponding performance of
EFR and the related AMR project performance requirement.

SOMOS Experiment 1a - Test Results
40 [l o___——+>0— o
3.0 \j
2.0 +—— = Sel. Requir.
—O0— AMR-FR
—EFR
Conditions
1.0
No Errors |C/IF16 dB | C/IF13dB |C/I=10dB | C/l=7dB | C/=4dB | C/I=1dB
Sel. Requir. 4.01 4.01 4.01 3.65
—O0— AMR-FR 4.06 4.06 4.13 4.08 3.96 3.59 2.66
——EFR 4,01 4.01 3.65 3.05 1.53

Figure 5.1: AMR full rate/clean speech performances curve
(Best AMR Codec vs. EFR vs. Performance Requirements)

Figure 5.2 shows the performances recorded for all 8 AMR full rate codec modes in clean speech and
error conditions.

2| these figures, the performance of EFR at 13 dB was arbitrarily set to the performance of EFR in No Errors conditions.
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Important Note: MOS values are provided in these figures for information only. Mean Opinion Scores

| Formatted

can only be representative of the test conditions in which they were recorded (speech material, speech

“| Formatted

processing, listening conditions, language, and cultural background of the listening subjects...). Listening

tests performed with other conditions than those used in the AMR Characterization phase of testing

could lead to a different set of MOS results. On the other hand, the relative performances of different

codec under tests is considered more reliable and less impacted by cultural difference between

listening subjects. Finally, it should be noted that a difference of 0.2 MOS between two test results was

usually found not statistically significant.,

[Formatted

50 MOS Experiment 1a - Test Results
4.0
— EFR
—122
—10.2
7.95
20 7.4
—6.7
—59
—5.15
—— 475 Conditions
1.0
No Errors | C/=16dB | C/13dB | C/=10dB | C/i=7 dB Cl=4dB Cl=1dB
—EFR 4.01 4.01 3.65 3.05 153
—12.2 4.01 4.06 4.13 3.93 3.44 1.46
—10.2 4.06 3.96 4.05 3.80 2.04
7.95 391 4.01 4.08 3.96 3.26 1.43
7.4 3.83 3.94 3.98 3.84 311 1.39
—6.7 3.77 3.80 3.86 3.29 1.87
—59 3.72 3.69 3.59 2.20
——5.15 3.50 3.58 3.44 243
——4.75 3.50 3.52 343 2.66

Figure 5.2: Family of curves for Experiment 1a (Clean speech in Full Rate)

The AMR Characterization test results showed that the selected solution satisfies the AMR
requirements in clean speech in Full Rate Channel. The previous results demonstrate that the
combination of all 8 speech codec modes provide a robust Full Rate speech codec down to 4dB C/I.

The results also showed that the four highest codec modes (12.2, 10.2, 7.95 & 7.4) are equivalent to EFR
in error free conditions and barely affected by propagation errors over a wide range Channel conditions
(down to 10-7 C/1). The four lowest codec modes (6.7, 5.9, 5.15 & 4.75) are all judged in error free
conditions to be equivalent to EFR at 10 dB C/I. The three lowest codec modes are statistically
unaffected by propagation errors down to 4 dB C/I.

The following figures provide a graphical representation (in Mean Opinion Scores) of the AMR
performances in clean speech in Half Rate mode3. Figure 5.3 compares the performance recorded for

the best AMR half rate codec mode for each impairment condition, with the corresponding performance

of the EFR, GSM FR and GSM HR speech codecs and the related AMR project performance requirement.

3 nthese figures, the performances of EFR at 13 dB were arbitrarily set to the performances of EFR in No Errors conditions.
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Figure 5.3 shows the performances recorded for all 6 AMR half rate codec modes in clean speech and

error conditions.

Important Note: Once again, MOS values are provided in these figures for information only. Mean

Opinion Scores can only be representative of the test conditions in which they were recorded (speech

material, speech processing, listening conditions, language, and cultural background of the listening

subjects...). Listening tests performed with other conditions than those used in the AMR
Characterization phase of testing could lead to a different set of MOS results. On the other hand, the
relative performances of different codec under tests is considered more reliable and less impacted by

cultural difference between listening subjects. Finally, it should be noted that a difference of 0.2 MOS

between two test results was usually found not statistically significant.

50 MOS Experiment 1b - Test Results

4.0
3.0
—O0— AMR-HR o
20
EFR
---%--- FR
---+ - HR .
Conditions
1.0
No Errors | C/IF19dB | C/IF16 dB | C/IF13dB | C/IF10dB | C/=7dB | C/l=4dB
Sel. Requir. 3.99 3.99 3.99 3.14 2.74 1.50
—0— AMR-HR 411 4.04 3.96 3.72 3.38 3.10 2.00
—— EFR 421 4.21 3.74 3.34 1.58
---%--- FR 3.50 3.50 3.14 2.74 1.50
---+---HR 3.35 3.24 2.80 1.92

Figure 5.3: AMR half rate/clean speech performances curve
(Best AMR Codec vs. EFR vs. GSM FR vs. GSM FR vs. Performance Requirements)
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5 OM 0Ss Experiment 1b - Test Results
30 — = B N
—7.95 \
7.4
— 6.7
—59
20 —5.15 -
4.75 \
—*— FR
——HR
Conditlons
1.0
No Errors C/=19dB | C/=16dB | C/IF13dB | C/=10dB Cl=7dB Cl=4 dB
—EFR 4.21 4.21 3.74 3.34 1.58
— 7.95 4.11 4.04 3.96 3.37 2.53 1.60
7.4 3.93 3.93 3.95 3.52 2.74 1.78
—6.7 3.94 3.90 3.53 3.10 222 1.21
—59 3.68 3.82 3.72 3.19 257 1.33
——5.15 3.70 3.60 3.60 3.38 2.85 1.84
4.75 3.59 3.46 3.42 3.30 3.10 2.00
—x—FR 3.50 3.50 3.14 274 1.50
—+—HR 3.35 3.24 2.80 1.92

Figure 5.4: Family of curves for Experiment 1b (Clean SpeechinHalfRate) [ Formatted

The AMR Characterization test results showed that the selected solution complies with the AMR
requirements in clean speech in Half Rate Channel. The results demonstrate that the combination of all
6 speech codec modes provide a Half Rate speech codec equivalent to the ITU G.728 (16 kbit/s) speech
codec down to 16 dB C/I. Furthermore, the results show that AMR can provide significantly better
performances than GSM FRin the full range of test conditions, and significantly better performances
than the GSM HR codec down to 7dB C/I.

The four highest codec modes (7.95, 7.4, 6.7 and 5.9) were found significantly better than the GSM FR in
error free conditions down to 13 dB C/I and at least equivalent to the EFR at 10 dB C/I down to 16 dB C/I.
The three highest modes (7.95, 7.4 and 6.7) are equivalent to the error free EFR in very low error
conditions. The two lowest modes were found at least equivalent to the GSM FR over the full range of
test conditions.

6 Quality under background noise and Errors
Conditions

The codec performances under background noise and error conditions were measured in 6 different
Experiments of the Characterization phase of testing: Exp. 3a, 3b and 3c (Full Rate) and Exp. 3d, 3e and 3f
(Half Rate). The following background noise types were included in the tests: Street Noise at 15 dB SNR
(3a & 3d), Car noise at 15 dB SNR (3b & 3e) and Office noise at 20 dB SNR (3c & 3f). The corresponding
performance requirements were set for the best codec mode in each error condition as defined in the
following table:
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c/i Full Rate Half Rate
Best Codec Best Codec
performance performance
requirement (requirement)
No Errors EFR No Errors EFR No Errors
19dB EFR No Errors G.729/FR No Errors
16 dB EFR No Errors G.729/FR No Errors
13dB EFR No Errors FRat 13 dB
10dB G.729/FR No Errors FRat10dB
7dB G.729/FR No Errors FRat7dB
4dB FRat 10 dB FRat4 dB

Table 6.1: Best Codec Performance Requirements under background

noise and Error Conditions

A summary of the essential test results is provided below. Additional results are included in Annex 3.

The following figures provide a graphical representation (in Mean Opinion Scores) of the performances
recorded in Full Rate in Experiments 3a, 3b & 3c4.

Figui

DMOS

Experiment 3a - Test Results

>

4.0 F——

\

3.0

= Sel. Requir.

—O0— AMR-FR
20 +— —FEFR

—*—FR

¢ G.729
Conditions

1.0 + + + + +

No Errors  C/I=16 dB

C/F13dB  C/=10dB

Cl=7dB Cl=4dB C/=1dB

re 6.1: AMR performance curves for Experiment 3a (Full rate with Street Noise)
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Experiment 3b - Test Results

4.0 —

3.0
Sel. Requir.
2.0 —0— AMR-FR
—EFR \
—*—FR
o G.729 Conditions
1.0 + + + + +

No Errors  C/I=16 dB

C/F13dB  C/F10dB

CE7dB C/=4dB C/IE1dB

Figure 6.2: AMR performance curves for Experiment 3b (Full rate with Car Noise)

4 n these figures, the performances of EFR at 13 dB were arbitrarily set to the performances of EFR in No Errors conditions.
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5D0M os Experiment 3c - Test Results
P
40 T/—0
3.0
Sel. Requir.

—O0— AMR-FR
20+— —ER

—*—FR \

& G.729
Conditions

1.0 + + + + +
No Errors  C/IF16dB  C/F13dB  C/F10dB  C/=7dB  C/=4dB C/l=1dB

Figure 6.3: AMR performance curves for Experiment 3c (Full rate with Office Noise)

The AMR Characterization test results showed that the selected solution complies with the AMR
requirements under background noise in Full Rate Channel. The results demonstrate that the
combination of the 6 highest speech codec modes provide a robust Full Rate speech codec down to 4 dB
c/l.

At high C/I (down to 13 dB) the three highest codec modes (12.2, 10.2 and 7.95) were found equivalent
to EFR in error free condition. All codecs modes down to the AMR 5.9 performed better than the GSM FR
across all test conditions. A couple of codecs (6.7, 5.9) still provide at 4 dB C/I a quality equivalent to the
GSM FR at 10dB C/I.. The two lowest modes (5.15 and 4.75) were usually found worse than the GSM FR
at 10 dB C/I across the range of test conditions3.

5The support of the two lowest modes in Full Rate is required to allow Tandem Free Operation between a Half Rate MS and a Full Rate
MS. They should not be the primary choice for operation in Full Rate mode only
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The following figures provide a graphical representation (in Mean Opinion Scores) of the performances
recorded in Half Rate in Experiments 3d, 3e & 3f6.

SDBA 0os Experiment 3d - Test Results
=
4.0
3.0
Sel. Requir |

—_—{ -
204 AMR-HR

—— EFR

---x--- FR

s-e+-- HR

Conditions

1.0 + + + + +
No Errors  C/F19dB  C/F16dB  C/F13dB  C/F10dB Cl=7 dB

Cll=4dB

Figure 6.4: AMR performance curves for Experiment 3d (Half rate with Street Noise)

5(E)JM 0os Experiment 3e - Test Results
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3.0
20 A Sel. Requir.
—O0— AMR-HR
—F— EFR
xR Conditions
1.0 4 oot HR + + +
No Errors  C/E19dB  C/=16dB  C/=13dB  C/I=10dB  C/l=7dB  C/=4dB|

Figure 6.5: AMR performance curves for Experiment 3e (Halfrate with Car Noise)

Experiment 3f - Test Results

Sel. Requir.

—0— AMR-HR
2.0 =R

---%x--- FR

---4+---HR

Conditions

1.0 + + + + +
No Errors  C/F19dB  C/F16dB  C/F13dB  C/F10dB  C/=7dB  C/l=4dB

Figure 6.6: AMR performance curves for Experiment 3f (Half rate with Office Noise)

6 |nthese figures, the performance of EFR at 13 dB was arbitrarily set to the performances of EFR in No Errors conditions.
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These results show that the highest AMR modes perform well under background noise conditions in half
rate channel down to 16 dB C/I. In these conditions, the AMR performances are almost equivalent to EFR
and significantly better than the GSM FR or GSM HR in the same test conditions.

None of the codec modes is able to meet the initial project requirement at 10 dB C/I. All codec modes
are found worse than the target FR at 10dB C/I in these conditions. This is the only critical failure
recorded in the characterization phase.

At 7dB C/l and below the two lowest codec modes match or exceed the performances of the GSM FR
and GSM HR.

7 Performances in Tandeming and with variation of the
input speech level

Experiment 2 and Experiment 6 of the Characterization Test plan were intended to evaluate the
performances of the AMR Codec modes in self-tandeming and cross-tandeming and with variation of
the input speech level.

An overview of the corresponding results is provided in the following figures:

MOS Experiment 2 - Test Results
4.50
4.00

3.50 1

3.00 1

2.00 1

1.50 1

1.00 +

O Direct H H HH L L H L H H
B Tand. w/12.2-EFR
O Tand. w/10.2
O Tand. w/7.95
B Tand. w/7.4 H H H H H H H H H H
O Tand. w/6.7
B Tand. w/5.9
O Tand. w/5.15
B Tand. w/4.75 Nl I mln I I M I I M
B Tand. w/FR
O Tand. w/HR
6.70

12.2 10.20 7.95 7.40 5.9 5.15 4.75

Figure 7.1: Experiment 2 Test Results (cross-codec tandeming)

MOS Experiment 2 - Test Results

4.50
FR HR

Figure 7.2: AMR Codec Tandeming performances with existing GSM Codecs
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O Tand. w/7.95
B Tand. w/7.4
O Tand. w/6.7
@ Tand. w/5.9
O Tand. w/5.15
W Tand. w/4.75

2.00 A

1.50

1.00 -
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MOS Experiment 6 - Test Results
4.50
4.00 1
3.50 1 H - —— - —HH 1 —
3.00 1 H - —— - —HH —— - —HH -
2.50 1 H - —— - —HH —— - —HH ]
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B -26 dBovl
1.50 0 -36 dBovl - - - ] - - ] —
0O Tandem Codec
1.00 +4 }  —
EFR 12.2 10.20 7.95 7.40 6.70 5.9 5.15 4.75

Figure 7.3: Combined results for Experiment 6 (Influence of input speech level and Tandeming)
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@ 7.40 ®6.70
15| ®mcr20-64 o059
: m515 m4.75
BFR OHR Conditions
1 . —l
Nominal +10dB Nominal Nominal -10 dB Tandem

Figure 7.4: Combined results for Experiment 6 (Influence of input speech level and Tandeming)
ordered by impairment type

The key performances demonstrated by Experiment 2 test results are:

- Tandeming with the clean speech error free 12.2 and 10.2 modes of AMR do not significantly
degrade the single encoding performances of any of the AMR codec or existing GSM code cs.

- Any other tandeming configuration involving any two other AMR codecs introduce a
significant degradation when compared to the single encoding performances of any of the
two codecs involved in the tandem configuration. This degradation is however less
significant than a tandem configuration involving either the GSM FR or the GSM HR.

- All tandeming configurations between two AMR speech codecs (except the worst
configuration 5.15-4.75) are significantly better than the GSM FR or GSM HR in Tandem

Experiment 6 test results show that the different AMR speech codec were not significantly more
impacted by the input speech level than EFR. The highest codec modes (12.2 down to 7.4) were
generally found equivalent for each impairment type (with variation of the input level orin tandem).
The lowest codec modes were always found as least as good as the GSM FR.
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In tandem conditions, the highest modes (down to 7.4 kbit/s) do not present a significant degradation
compare to the single encoding condition. The lowest modes are at least as good as the GSM FR in
tandeming and always better than the GSM HR.

8 Performances with the Codec Adaptation turned on

Experiments 4a (Full Rate) and 4b (Half Rate) of the Characterization phase of testing were designed to
evaluate the AMR performances with the adaptation turned on in long dynamic C/I profiles
representative of operational propagation conditions. Multiple C/I profile were generated simulating
different behavior of the radio channel and different slow fading effects. One profile was used to
generate multiple Error Patterns representative of different Frequency Hopping operation mode: Ideal
frequency hopping, non-ideal frequency hopping limited to 4 frequencies and no frequency hoping.
Three different sets of codec modes were used in these Experiments. They are defined in the following
table:

Codec Modes for Codec Modes for
Experiment 4a Experiment 4b
Set #1 12.2,7.95,5.9 7.95,6.7,5.9,5.15
Set #2 12.2,7.95 6.7,5.9,4.75
Set #3 12.2,7.40,6.7,5.15 7.40,5.15

Table 8.1: Sets of codec modes for Experiment 4a & 4b

The thresholds used for the codec adaptation in the different configurations are listed in the following
table:

Adaptation Thresholds for Experiment 4a

Thresholdd 1 Threshold 2 Threshold 3
Set #1
Set #2
Set #3

Adaptation Thresholds for Experiment 4b

Threshold 1 Threshold 2 Threshold 3
Set #1
Set #2
Set #3

Table 8.2: Codec Mode Adaptation thresholds used in Experiment 4a & 4b

The results of Experiments 4a and4b are presented in the following figures:
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MOs Experiment 4a - Test Results
5.0 BEFR -
Note: DEC5, DEC6 & DEC7 used the same C/I Profile B AMR-FR Set 1
DECE6 on 4 carriers 0O AMR-FR Set 2
B AMR-FR Set 3
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2.0 4
1.0 4
DEC1 DEC1+DTX DEC2 DEC3 DECA DECS [ideal FH] DEC6 [Non-  DEC6 [Non  DEC7 [No FH]
Ideal FH] Ideal FH]+DTX
Figure 8.1: Experiment 4a Test Results (Dynamic Error conditionsin Full Rate)
MOs Experiment 4b - Test Results
5.0 BFR -
Note: DEC5, DEC6 & DEC7 used the same C/I Profile, DEC6 on 4 carriers @ AMR-HR Set 1
DEC1, DEC3, DEC5, DEC6, DEC7 with 3 dB higher C/lin HR Channels O AMR-HR Set 2
DEC2, DEC4 with 6 dB higher C/l on HR Channels B AMR-HR Set 3
4.0
) r r
2.0 1
1.0 4
DEC1 DEC1+DTX DEC2 DEC3 DEC4 DECS [ideal FH]  DEC6 [Non- DEC6 [Non  DEC7 [No FH]
ideal FH]  Ideal FH]+DTX
Figure 8.2: Experiment 4b Test Results (Dynamic Error conditions in Half Rate)
The results of Experiments 4a and 4b can be summarized as follows:

ETSI

In Full Rate, the three tested AMR codec sets were found significantly better than EFR in
ideal or non-ideal frequency hopping cases. In some cases, the benefit was higher than 1
point MOS.

In Half Rate, the three codec sets were found significantly better than the GSM FR codec
(tested at 3dB or 6 dB lower average C/I) in most cases with ideal or non-ideal frequency
hopping activated.

The performances with non-ideal frequency hopping were usually found equivalent to the
performances with ideal frequency hopping for the AMR codec. The EFR codec seemed
slightly more impacted in this case.

No significant improvement compared to the references was identified in non-frequency
hopping cases and low mobile speed in either full rate or half rate channels. The
performances of all codecs without frequency hopping activated were always found
significantly worse than their performances when ideal or non-ideal frequency hopping was
used.

No significant difference was found when DTX was activated in the return link in either full
rate or half rate mode.
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- There was no significant difference between the three codec sets used in full rate or half
rate modes, even when the set was limited to two codec modes.

9 VAD/DTX Performances

The objective of Experiment 7 of the characterization test plan was to evaluate the degradation induced
by the activation of the voice activity detection and discontinuous transmission on the link under test?.
The experiment was divided in 4 sub-experiments to separately test the effect on the Full Rate and Half
Rate channel operation and then the performances of each VAD algorithm (ENS solution and Motorola
solution). The tests used a 7-point Comparison Category Rating to amplify any possible degradation.
They consisted in comparing a speech sample for which the VAD/DTX has been applied with the same
speech sample without VAD/DTX but in the same channel error/impairment condition. The 7-point scale
(CMOS=-3 to +3) corresponded to quality degradation defined as: ‘Much worse’, ‘Worse’, ‘Slightly
worse’, ‘About the same’, ‘Slightly better’, ‘Better’ and ‘Much better’.

The following impairment type were included in each experiment and tested for multiple error
conditions (4, 10 & 16 dB C/I in Full Rate, 7, 13 & 19 dB in Half Rate):

- Single encoding in clean speech at nominal input level

- Single encoding in clean speech 10 dB below the nominal input level
- Single encoding in clean speech 10 dB above the nominal input

- Single encoding in street noise at 15 dB SNR

- Tandemingin street noise at 15 dB

- Single encoding in car noise at 15 dB

- Single encoding in office noise at 20

The tests were performed with the adaptation turned on, using the sets of codec modes #1 of Table 6.1.
Nevertheless, a static C/I profile was used for all test conditions involving propagation errors.

The tests also included a set of references using the EFR codec with the original EFR VAD and the new
AMR VAD algorithms in a subset of the impairment conditions, and the FR codecin clean speech with
the original FR VAD. A null condition was also included in the test.

All test results with one exception showed that the activation of the AMR VAD/DTX do not introduce
any significant degradation to the performances of AMR. The difference between the scores obtained
by the different conditions were below their respective 95% confidence interval indicating that the
degradation is not significantly different for either impairment type. The same results were found for
both VAD solutions. A direct comparison between the two VAD options in paired experiments
(Experiments 7a and 7cin Full Rate and Experiments 7b and 7d in Half Rate) did not allow to
differentiate their respective performances.

The only condition showing a significantly higher degradation level in all tests performed was for the
GSM FR codec with its own VAD algorithm. Even then, the score obtained by the FR/VAD codec
association was not as bad as a being qualified as ‘Slightly worse’ (first degradation level in the 7-point

7 :__ -The influence of discontinuous transmission on the in band signaling (mode command and quality reporting) was tested in

Expeiriment 4a & 4b.
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CMOS scale). It was in the order of the degradation of a MNRU at 30 dB S/N compared with the original
speech sample.

10 Performances with DTMF tones

Twelve experiments were performed during the verification phase to evaluate the transparency of the
AMR codec modes to DTMF tones. The corresponding test conditions are listed in Table 10.1. The
experiments were limited to error free conditions only.

The frequency deviation was set for the duration of a digit, and was randomly chosen between -1.5and
+1.5%. The range of tone levels was chosen to avoid clipping in the digital domain and to exceed the
minimum acceptable input level for the Linemaster™ unit used for the detection of DTMF tones.

A set of ten codecs was tested in each experiment, comprising the eight AMR modes, the full-rate GSM
speech codec and the A-law codecs alone (direct condition).

Experiment Low tone High tone Twist Digit duration Frequency
level (1) level (1) deviation
1 -6 dBm -6 dBm 0dB 50 ms none
2 -16 dBm -16 dBm 0dB 50 ms none
3 -26 dBm -26 dBm 0dB 50 ms none
4 -16 dBm -16 dBm 0dB 50 ms +/-1.5%
5 -19 dBm -13 dBm -6 dB 50 ms none
6 -13 dBm -19 dBm 6 dB 50 ms none
7 -6 dBm -6 dBm 0dB 80 ms none
8 -16 dBm -16 dBm 0dB 80 ms none
9 -26 dBm -26 dBm 0dB 80 ms none
10 -16 dBm -16 dBm 0dB 80 ms +/-1.5%
11 -19 dBm -13 dBm -6 dB 80 ms none
12 -13 dBm -19 dBm 6 dB 80 ms none

Table 10.1: Experimental conditions for the evaluation of the AMR Codecs
Transparency to DTMF Tones

Note 1: The levels are given as measured at the input to the DTMF detector, however, since the DACis calibrated according
to ITU-TRec. G.711, 0dBm in the analogue section is equivalent to -6.15dBov in the digital section.

Test sequences:

For each experiment, 20 test sequences were processed per codec under test. Each test sequence was
produced by the DTMF generator, and comprised a header of x ms followed by each of the 16 DTMF
digits as defined in ITU-T Rec. Q.23. The gap between adjacent DTMF digits was equal to the duration of
the digits (see Table 1). The length of the header in sequence number n, was set to

x=200+n milliseconds ; where n=0..19.

This approach was taken to exercise the speech codecs over the complete range of possible phase
relationships between the start of a DTMF digit and a speech codec frame (20ms in length). Thus each
codec mode was subjected to 320 separate digits per experiment.

Test Procedure:
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For each test sequence, the number of digits undetected by the DTMF detector was recorded. No
attempt to identify misdetected digits was made, although there were no out of sequence digits

observed.

Results:

The percentage of undetected digits measured for each codec mode is given in Table 10.2a for
Experiments 1to 6 (50ms digits), and in Table 10.2b for Experiments 7 to 12 (80ms digits).

Codec mode | Rate (kbit/s) [ Exp.1 | Exp.2 | Exp.3 | Exp.4 | Exp.5 | Exp.6 | Mean

AMR mode 0 4.75 35.3% | 40.9% | 38.1% | 41.3% | 50.0%| 43.8% 41.6%
AMR mode 1 5.15 32.8% | 38.4% | 34.7% | 38.8% | 52.5%| 37.5% 39.1%
AMR mode 2 5.90 19.7% | 20.3% | 25.0% | 25.3% | 37.8%| 19.1%| 24.5%
AMR mode 3 6.70 7.8% | 7.8% [10.6% | 8.8% | 23.4%| 6.3% 10.8%
AMR mode 4 7.40 3.8% | 5.0% | 4.7% | 4.1% 13.1% 2.2%| 5.5%
AMR mode 5 7.95 0.3% | 1.3% 1.3% 2.2% 9.7% 0.6% 2.6%
AMR mode 6 10.20 0.0% 0.0%| 0.3% 0.0%f 0.3% 0.0% 0.1%
AMR mode 7 12.20 0.0%f 0.0%| 0.0% 0.0% 0.0% 0.0%| 0.0%
FRGSM 13.00 0.0% 0.0%| 0.3%| 0.0% 0.6%| 0.0% 0.2%
Direct (A-law) 0.0%| 0.0%| 0.0% 0.0%[ 0.0% 0.0%[ 0.0%

Table 10.2a: Percentage of DTMF digits undetected when passed through different codecs with
50ms DTMF digits. The mean value is calculated over all six experiments.

Codec mode | Rate (kbit/s) | Exp.7 | Exp.8 | Exp.9 | Exp.10 | Exp.11 | Exp.12 [ Mean
AMR mode 0 4.75 21.3% | 24.7% | 27.5% | 26.9% | 35.9% | 26.6% | 27.1%
AMR mode 1 5.15 18.1% | 21.3% | 25.9% | 22.8% | 33.4% | 28.1% | 24.9%
AMR mode 2 5.90 8.8% | 11.6% | 11.6% | 7.8% 24.1% 9.4% | 12.2%
AMR mode 3 6.70 1.6% 1.6% | 2.5% 2.5% 5.9% 3.8% 3.0%
AMR mode 4 7.40 0.0% | 0.0% [ 0.3% | 0.6% 2.2% 0.3% | 0.6%
AMR mode 5 7.95 0.0% | 0.0% [ 0.0% 0.0% 1.9% 0.3% 0.4%
AMR mode 6 10.20 0.0% | 0.0% | 0.0% 0.0% 0.0% 0.0% 0.0%
AMR mode 7 12.20 0.0% | 0.0% [ 0.0% | 0.0% | 0.0% 0.0% | 0.0%
FR GSM 13.00 0.0% | 0.0% [ 0.0% 0.0% 0.0% 0.0% 0.0%
Direct (A-law) - 0.0% | 0.0% | 0.0% | 0.0% | 0.0% 0.0% | 0.0%

Table 10.2b: Percentage of DTMF digits undetected when passed through different codecs with
80ms DTMF digits. The mean value is calculated over all six experiments.

Further observations:

Inspection of the results for the AMR speech codecs reveals notably worse performance for DTMF
signals generated with negative twist. To eliminate the DTMF detector as the cause of this effect,
subsets of Experiments 5 and 6 were repeated using a proprietary network based DTMF detection
algorithm. These additional experiments also showed substantially worse performance in the presence

of negative twist.

An analysis of the processed files revealed that for DTMF digits generated with negative or zero twist,
the AMR speech codecs have a tendency to add additional negative twist to the signal. This effect is

more pronounced for the lower rate speech codecs.

Conclusions:
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The results for the full-rate GSM speech codec appear to be consistent with results from previous tests.
No detection errors were measured for the reference A-law condition.

For 50ms DTMF digits, the 10.2 and 12.2 kbit/s AMR modes appear to be essentially transparent to DTMF
signals under error free conditions, whereas the lower rate modes do not appear to be transparent.

For 80ms DTMF digits the 7.4, 7.95, 10.2 and 12.2 kbit/s modes appear to be essentially transparent to
DTMF signals under error free conditions, whereas the lower rate modes do not appear to be
transparent.

The AMR codecs seem to have a tendency to add negative twist to DMTF signals, and are therefore less
transparent to digits with negative twist than positive twist. It is noted that DTMF signals are often
generated by PSTN telephones with negative twist, e.g. -2dB, to account for the characteristics of the
local loop.

11 Transparency to Anneuncement-Signaling tones

The transparency to network signaling tones was tested for all 8 codec modes using typical French and

German signaling tones.

French Signaling Tones

[Formatted

Five different types of French network signaling tones were tested: Two different dial tones, one

ringing tone, a busy tone and a special information tone. The description of the different tones is given

below:

Continuous DIALTONE number 1 at 440 Hz, 10s duration

Continuous DIALTONE number 2 at 330+440 Hz, 10s duration

RINGING TONE at 440 Hz with 1.5-3.5s form factor and a total signal duration of 12.5s

BUSY TONE at 440Hz with 0.5-0.5s form factor and a total signal duration of 12.5s

SPECIAL INFORMATION TONE at 950/1400/1800 Hz and duration of (3x0.3—-2x0.03)—1.0s and a total
signal duration of 12.5s

The tone amplitude was set to -10 dBmO.

German Signaling Tones

[ Formatted

Six different types of German network signaling tones were tested: Two dial tones, two ringing tones, a

busy tone and a special information tone. The description of the different tones is given below.

Continuous DIALTONE number 1 at 425 Hz, 15s duration

Continuous DIALTONE number 2 at 450 Hz, 15s duration

RINGING TONE number 1 at 425 Hz with 0.25-4.0-1.0-4.0-1.0-4.75s form factor, 15s total duration
RINGING TONE number 2 at 450 Hz with 0.25-4.0-1.0-4.0-1.0-4.75s form factor, 15s total duration
BUSY TONE at 425Hz with 0.48-0.48s form factor and a total duration of 10s

SPECIAL INFORMATION TONE at 950/1400/1800 Hz and 3x0.33-1.0s form factor and a total duration of
10s

The tone amplitude was set to -10 dBmO.
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Additionally, a set of signaling tones was generated at =15 dBm0, which is the lowest level
recommended in ITU-T E.180.

................ [ Formatted

The signaling tones at a level of -10 dBmO were tested under clean error conditions with no adaptation
activated and fixing the codec mode to the 8 different possible modes. The signaling tones were also
tested with adaptation on, under static errors with C/1 =7 dB.

This was tested for DTX off and DTX on.

The German signaling tones at a level of -15 dBmO were only tested under clear channel conditions with

DTX activated. This was done to ensure that the artifact identified for the FR speech codec with low

level signaling tones and DTX did not appear in the case of AMR.

Testresults { Formatted

The testing has been performed by informal listening involving trained listeners, their main concern

being to recognize the signaling tones.

The test results can be summarized as follows:

1. No significant difference was perceived between the tests performed with DTX ON and those
performed with DTX OFF

2. For the error free conditions: the decoded tones were always easily recognized. Yet the perceived
quality was found to decrease when the codec rate decreases and for the two lowest bit rates (4.75
and 5.15) the quality was rather poor.

3. In presence of channel errors in Half Rate mode, the result was rather poor for the whole set of

tones. In Full Rate mode, the quality was found acceptable with a slight degradation for the two dial

tones. Note that the effect of errors was perceived for both channel modes, but more limited and
clustered in some parts of the signal in Full Rate mode.

,,,,,,,,,,,,,,,, [ Formatted

Although the quality of network signaling tones is audibly decreasing for lower bit rates and especially
in presence of channel errors in Half Rate mode, the signaling tones were always easily recognized

under all testing conditions. Additionally, DTX activation did not create any degradation of the
transparency of the AMR codec towards signaling tones. This conclusion is still valid for low amplitude
signaling tones..Fe-be-completed

12 Performances with special input signals

The behavior of the AMR speech codecin presence of multiple “special input signals” was tested during
the Verification Phase. These tests included:

Overload conditions

Additional background Noises and Talkers
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Music signals
Idle channel behaviorfe-be-completed

In informal expert listening tests, covering a wide range of overload levels and error conditions, there

was no evidence to suggest that the AMR speech channel exhibits any significant problems, such as

gross instability, in the presence of overload signals.

Similarly, tests in presence of multiple types of background noises or with a higher number of talkers

did not exhibit any problem with any of the AMR speech codec modes.

The tests in presence of Musicindicated that the AMR speech codec did not exhibit any problem when

compared to the behavior of other well-known speech codecs (EFR, 1S-641, G.729).

Finally, no significant problem was identified when testing the codec with signals at very low signal

levels representative of anidle channel.

13 Language Dependency

Fo-be-completedThe selection and characterization tests were performed by a large number of
laboratories worldwide using different languages (see Annex A). Tests were performed in:

English (US & UK), French, German, ltalian, Mandarin, Spanish

The results reported by the different laboratories were consistent. No significant quality difference was

identified between the results reported by the different listening laboratories for the different AMR
Codec Modes.

14 Transmission Delay

Editor’s Note 1: Section based on the content of Tdoc SMG11 158/99. This document was produced before .. [ Formatted

a final agreement was reached on the format of the Abis and Ater TRAU frames. The final format could

have a [smalllp impact on the delay fiqures presented below. e { Formatted

The transmission delay of a communication using AMR has been evaluated using the same method as

for the previous GSM speech codecs [2, 3 & 4]. The reference system delay distribution for the downlink
and uplink directions are provided in figures 14.1 and 14.2 respectively. The speech transcoders are
assumed to be remote located from the BTS (16 kbit/s or 8 kbit/s sub-multiplexing on the Abis & Ater

Interfaces).

MSC BSC BTS MS

[recho Tmsc Margin Thsc Tsample, Tsps Tabisd Margin Thuff Tencode, Margin Trftx Trxproc Tproc Margin Td/a

Figure 14.1: Reference Downlink delay distribution
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MSC BSC BTS MS

Tmsc Margin Thbsc Tproc Margin Tabisu Trxproc Margin Trftx Tencode Ttransc Tsample Margin Ta/d

Figure 14.2: Reference Uplink delay distribution

The definition of the different delay parameters is given in the following table. The table also provides
the value used for the parameter when not dependent of the type of speech codec or sub-multiplexing
scheme over the Abis & Ater interfaces.

Tabisd Time required to transmit the minimum number of speech data bits over the downlink Abis interface

“| Formatted

to start encoding a radio speech frame. Depends on the speech codec mode, the TRAU frame format
and the Abis/Ater sub-multiplexing scheme. Note that most TRAU frame synchronization bits can
ideally be transmitted by anticipation and are usually notincluded in this parameter.

Tabisu Time required to transmit the minimum number of speech data bits over the uplink Abis interface to .. [ Formatted

startdecoding a speech frame. Depends on the speech codec mode, the TRAU frame format and the
Abis/Ater sub-multiplexing scheme. Note that the TRAU frame synchronization bits can ideallybe
transmitted by anticipation and are usually notincluded in this parameter.

Tg/d Delayin the analogue to digital converterin the uplink (implementation dependent). Setto 1ms [4]. .. [ Formatted
Thsc Switching delayin the BSC (implementation dependent). Setto 0.5ms [2 & 4], [ Formatted
Thuff Buffering time required for the time alignment procedure for the in-band control of the remote .. [ Formatted

transcoder. Setto 1.25 ms [2 & 4].

Td/a Delayin the digital to analogue converterin the downlink (implementation dependent). Setto 1ms [2 .. [Formatted
&4].
Techo Delayinduced bythe echo canceller (implementation dependent). Setto Ims [2&4]. . [ Formatted

[Formatted

the channel coding complexity of each codec mode.

Imsc Switching delayin the MSC (implementation dependent). Setto 0.5ms [2 &4]. e [ Formatted

Tproc Processing delayrequired to perform the speech decoding (implementation dependent). Depends on .- [ Formatted

the speech decoding complexity of each codec mode.

Trftx Time required for the transmission of a speech frame over the airinterface. Derived from the radio ... [ Formatted

framing structure and the interleaving scheme. Worst case is 37.5ms in Full Rate mode and 32.5 ms in
Half Rate mode [2 & 4].

Trxproc Processing delayrequired to perform the channel equalization, the channel decoding and SID-frame

“| Formatted

detection (implementation dependent). The channel decoding depends on the codec mode. The
channel equalization part was setto 6.84 ms in Full Rate mode and 3.5 ms in Half Rate mode [4].

Tsample Duration of the segment of PCM speech samples operated on by the speech transcoder: 25ms inall .. [ Formatted

cases corresponding to 20 ms for the processed speech frame and 5 ms of look ahead.

Tsps Worst case processing delayrequired by the downlink speech encoder before an encoded bitcan be . [ Formatted

sentover the Ater/Abis interface taking into account the speed on the Ater/Abis interface
(implementation dependent). Depends on the speech coding complexity of each codec mode and on
the sub-multiplexing rate on the Ater/Abis interface. Because of the priority given to the decodin

Tprocis also added to the overall downlink transmissiondelay. [ Formatted
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Ttransc MS speech encoder processing delay, from input of the last PCM sample to output of the final encoded .. [ Formatted

bit (implementation dependent). For the evaluation of the transmission delay, it was assumed that
the speech decoding has a higher priority than the speech encoding, i.e. this delayis artificially
increased bythe speech decoding delay.

Margin Implementation dependent margins in the different system components. Set as follows:
MSC Margin: _ 0.5ms [2 & 4]
BSC Margin: 0.5ms [2 & 4]
BTS Margin:  0.45 ms downlink, 0.3 ms uplink [2 & 4]
MS Margin: 2ms in Full Rate, 1.9 ms in Half Rate [2 & 4].

The processing delays were estimated using complexity figures for each codec mode. In addition, to

take into account the dependence on the DSP implementation, the computation was based on the same

methodology used for the previous GSM speech codecs [4].

The DSPs running the speech and channel codec are modeled with the 3 following parameters:

E represents the DSP Efficiency. This corresponds to the ratio tMOPS/wMOPS of the codec . [ Formatted

implementation on the DSP.

S represents for the speed of the DSP: Maximum Number of Operations thatthe DSPcanruninl .- (Formatted

second. This number is expressed in MOPS.

P represents the percentage of DSP processing power assigned to thecodec. . [ Formatted

The processing delay of a task of complexity X (in wMOPS) can then be computed using the equation:

20X
=——ms

ESP

For compatibility reasons, the same ESP parameter used for the EFR processing delays computation [4]
was used: ESP=258.

The following tables provide the overall transmission delay parameters for each codec mode. The

design objective for the Algorithmic Round Trip Transmission Delay (ARTD = 2Tsample + 2Trftx + Tabisu + [ Formatted
Tabisd) was set to the EFR ARTD increased by 10 ms in Full Rate mode, and the GSM HR ARTD increased ‘ [ Formatted
by 10 ms in Half Rate mode. “(Formatted

“( Formatted

L

Tables 14.1 and 14.2 define the parameters impacting the computation of the transmission delays over

the Abis/Ater interfaces (Tabisu & Tabisd) for the 16 kbit/s and 8kbit/s sub-multiplexing schemes . { Formatted

respectively. The definition of different parameters is provided below. They are derived from the AMR
TRAU frame format provided in [5 & 6].

Min # of bits: Minimum number of speech bits required to start the next operation (speech decoding .. [ Formatted

in uplink or channel encoding in downlink).

Sync. bits: Additional synchronization bits in the TRAU frame (synchronization header notincluded) .. { Formatted

before reaching the last required bit.

8 This ESP value was derived in 1996, duringthe EFR standardization. It is based on a 40 MHz DSP, with an efficiency of 1 and a 60% CPU
availability. All processing delays would be improved assuming DSP performances corresponding to the state of the art of DSP
technology.
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Min # Data: Rank of the last required bit in the TRAU frame.

# Anticip.: Number of bits that can be sent by anticipation.
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# Requir.: Resulting number of bits that must be received (Min #Data - # Anticip.).

Min# Sync. Min # Min # Min #
Mode of bits bits Data # anticip. # Requir. Tabisu Mode of bits Data # anticip. # Requir. Tabisd
12.2| 94 6 139 33 106 6.625(| 12.2| 256 312 39 273 17.125
10.2| 75 5 119 33 86 5.375(| 10.2| 216 312 82 230 14.375
7.95| 64 4 107 33 74 4.625(| 7.95| 171 312 130 182 11.375
7.4 61 4 104 33 71 4.5 7.4 160 312 141 171 10.75
6.7| 58 4 101 33 70 4.375 6.7 146 312 156 156 9.75
59| 54 3 96 33 65 4.125 59| 130 312 173 139 8.75
5.15| 49 3 91 33 60 3.75|| 5.15 115 312 189 123 7.75
475 51 3 93 33 62 3.875|| 4.75] 107 312 198 114 7.125
Min # Sync. Min # Min # Min #
Mode of bits bits Data # anticip. # Requir. Tabisu Mode of bits Data # anticip. # Requir. Tabisd
Half| 7.95 - - - - - - Half| 7.95 - - - -
Rate 7.4 58 0 72 2 70 8.75|| Rate 7.4 148 174 12 162 20.25
8k| 6.7 55 0 75 12 63 7.875 8k| 6.7 134 160 22 138 17.25
Upl| 59 51 0 77 12 65 8.125(| Dwnlf 59| 118 160 22 138 17.25
5.15( 46 0 68 12 56 7 5.15| 103 160 39 121 15.125
475 48 0 70 12 58 7.25 475 95 160 47 113 14.125

Table 14.2: Tabisu (ms) & Tabisd (ms) computation tables for the 8 kbit/s sub-multiplexing scheme

Tables 14.3 and 14.4 provide the overall Uplink and Downlink transmission delay for the different Full
Rate codec modes using a 16 kbit/s sub-multiplexing scheme.

Tables 14.5 and 14.6 provide the overall Uplink and Downlink transmission delay for the different Half

Rate codec modes using a 16 kbit/s sub-multiplexing scheme.

Tables 14.7 and 14.8 provide the overall Uplink and Downlink transmission delay for the different Half
Rate codec modes using an 8 kbit/s sub-multiplexing scheme.

UL FR 16k
Delay Parameter  12.2 10.2 7.95 7.4 6.7 5.9 5.15 4.75 FR EFR
MSC Tmsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Thsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tproc| 1.5632 1.5328 1.6072 1.5168 1.5888 1.564 1.5624 1.5664| 1.5 1.27
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Tabisu| 6.625 5.375 4.625 45 4375 4125 375 3.875 4 6.4375
Trxproc eq| 6.84 6.84 6.84 6.84 6.84 6.84 6.84 6.84 8.8 6.84
Trxproc ch. dec.| 1.6848 1.5504 3.408 1.1704 1.1288 2.7224 0.936 2.2568 0 1.96
Margin| 3 3 3 3 3 3 3 3 3 3
Trftx| 37.5 37.5 37.5 37.5 37.5 37.5 37.5 375 | 375 | 375
MS Tencode| 0.2376 0.2576 0.2168 0.2 0.2184 0.2016 0.2072 0.1952( 1.6 0.32
Ttransc| 11.379 11.127 11.714 10.950 11.66 9.7912 8.6912 10.250 8 12.17
Tsample| 25 25 25 25 25 25 25 25 20 20
Tmargin 2 2 2 2 2 2 2 2 2 2
Ta/d 1 1 1 1 1 1 1 1 1 1
Total Uplink__98.8 97.2 98.9 95.7 96.3 95.7 92.5 955 894 945

ETSI

Table 14.3: Uplink Transmission Delay in Full Rate Mode (16 kbit/s sub-multiplexing scheme)



GSM TR 06.75 version 1.21.0 35 GSM TR 06.75 V1.21.0 (1999-10)
DL FR 16k
Delay Parameter  12.2 10.2 7.95 7.4 6.7 5.9 5.15 4.75 FR EFR
MSC Techo 1 1 1 1 1 1 1 1 1 1
Tmsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Tbsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tsample| 25 25 25 25 25 25 25 25 20 20
Tsps| 2.28 2.28 2.28 2.28 2.28 2.28 2.28 2.28 1.6 2.3
Tproc (Tsps)| 1.5632 1.5328 1.6072 1.5168 1.5888 1.564 15624 1.5664
Tabisd| 17.125 14.375 11.375 10.75 9.75 8.75 7.75 7.125 | 17.4 | 17.375
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Thbuff| 1.25 1.25 1.25 1.25 1.25 1.25 1.25 125 | 1.25 | 1.25
Tencode| 0.2376 0.2576 0.2168 0.2 0.2184 0.2016 0.2072 0.1952| 1.6 1.6
Margin| 0.45 0.45 0.45 0.45 0.45 0.45 0.45 045 | 045 [ 0.45
Tritx| 37.5 375 37.5 37.5 375 375 375 375 375 375
MS Trxproc eq| 6.84 6.84 6.84 6.84 6.84 6.84 6.84 6.84 8.8 6.84
Trxproc ch. dec.| 1.6848 1.5504 3.408 1.1704 1.1288 2.7224 0.936 2.2568 0 1.96
Tproc| 1.5632 1.5328 1.6072 1.5168 1.5888 1.564 1.5624 1.5664| 1.5 1.27
Margin 2 2 2 2 2 2 2 2 2 2
Td/a 1 1 1 1 1 1 1 1 1 1
Total Downlink 101.5  98.6 97.5 94.5 93.6 94.1 91.3 920 96.1 965
Table 14.4: Downlink Transmission Delay in Full Rate Mode (16 kbit/s sub-multiplexing scheme)
UL HR16k
Delay Parameter  7.95 7.4 6.7 5.9 5.15 4.75 FR EFR HR
MSC Tmsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Tbsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tproc| 1.6072 1.5168 1.5888 1.5640 1.5624 1.5664| 1.5 127 | 171
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Tabisu| 4.625 45 4375 4125 375 3.875 4 6.4375 | 4.8125
Trxproc eq| 3.5 35 35 35 35 35 8.8 6.84 35
Trxproc ch. dec.| 1.8928 0.9312 0.9104 0.8448 0.7984 0.7696 0 1.96 2.3
Margin| 3 3 3 3 3 3 3 3 3
Trftx] 32.9 32.9 32.9 32.9 32.9 32.9 375 375 | 329
MS Tencode| 0.1368 0.1328 0.1216 0.1144 0.128 0.1192| 1.6 0.32 | 0.16
Ttransc| 11.714 10.950 11.66 9.7912 8.6912 10.250 8 12.17 | 15.6
Tsample| 25 25 25 25 25 25 20 20 244
Tmargin| 1.9 1.9 1.9 1.9 1.9 1.9 2 2 19
Ta/d 1 1 1 1 1 1 1 1 1
Total Uplink _ 89.3 87.3 88.0 85.7 84.2 85.9 89.4 945 933
DL HR 16k
Delay Parameter  7.95 7.4 6.7 5.9 5.15 4.75 FR EFR HR
MSC Techo 1 1 1 1 1 1 1 1 1
Tmsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Tbsc| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tsample| 25 25 25 25 25 25 20 20 24.4
Tsps| 2.1508 2.1508 2.1508 2.1508 2.1508 2.1508| 1.6 2.3 7.8
Tproc (Tsps)| 1.6072 15168 1.5888 1.564 1.5624 1.5664 0 0 0
Tabisd| 11.375 10.75 9.75 8.75 7.75 7125 | 17.4 |17.375]| 8.375
Margin| 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Thuff| 1.25 1.25 1.25 1.25 1.25 1.25 1.25 1.25 1.25
Tencode| 0.1368 0.1328 0.1216 0.1144 0.128 0.1192| 1.6 1.6 0.16
Margin| 0.45 0.45 0.45 0.45 0.45 0.45 0.45 045 | 0.45
Trftx] 32.9 32.9 32.9 32.9 32.9 32.9 375 375 | 329
MS Trxproceq| 3.5 35 35 35 35 35 8.8 6.84 35
Trxproc ch. dec.| 1.8928 0.9312 0.9104 0.8448 0.7984 0.7696 0 1.96 2.3
Tproc| 1.6072 1.5168 1.5888 1.5640 1.5624 1.5664| 1.5 127 | 171
Margin| 1.9 19 1.9 1.9 19 1.9 2 2 19
Td/a 1 1 1 1 1 1 1 1 1
Total Downlink _ 87.8 86.0 85.1 84.0 83.0 82.3 96.1 96.5  88.7

Table 14.6: Downlink Transmission Delay in Half Rate Mode (16 kbit/s sub-multiplexing scheme)
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UL HR8k

Delay Parameter  7.95 7.4 6.7 5.9 5.15 4.75 FR/16k EFR/16k HR
MSC Tmsc - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Thsc - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tproc - 1.5168 1.5888 1.5640 1.5624 1.5664( 1.5 127 | 171
Margin - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Tabisu - 875 7.875 8.125 7 7.25 4 6.4375( 9.75
Trxproc eq - 35 35 35 35 35 8.8 6.84 35
Trxproc ch. dec. - 0.9312 0.9104 0.8448 0.7984 0.7696 0 1.96 2.3

Margin - 3 3 3 3 3 3 3 3
Trftx - 32.9 32.9 32.9 32.9 32.9 37.5 375 | 329
MS Tencode - 0.1328 0.1216 0.1144 0.128 0.1192| 1.6 0.32 | 0.16
Ttransc - 10.950 11.66 9.7912 8.6912 10.250 8 12.17 | 15.6
Tsample - 25 25 25 25 25 20 20 24.4
Tmargin - 1.9 1.9 1.9 1.9 1.9 2 2 1.9

Ta/d - 1 1 1 1 1 1 1 1

Total Uplink__N/A 91.6 915 89.7 87.5 89.3 89.4 945 98.2

Table 14.7: Uplink Transmission Delay in Half Rate Mode (8 kbit/s sub-multiplexing scheme

DL HR 8k

Delay Parameter  7.95 7.4 6.7 5.9 5.15 4.75 FR/16k EFR/16k HR

MSC Techo - 1 1 1 1 1 1 1 1
Tmsc - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Margin - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BSC Thsc - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
Tsample - 25 25 25 25 25 20 20 24.4
Tsps - 10 10 10 10 10 1.6 2.3 4.3

Tproc (Tsps) -

Tabisd - 2025 17.25 17.25 15.125 14.125| 174 |17.375| 175
Margin - 0.5 0.5 0.5 0.5 0.5 0.5 0.5 0.5
BTS Thbuff - 1.25 1.25 1.25 1.25 1.25 1.25 1.25 1.25
Tencode - 0.1328 0.1216 0.1144 0.128 0.1192| 1.6 1.6 0.16
Margin - 0.45 0.45 0.45 0.45 0.45 0.45 045 | 0.45
Trftx] - 32.9 32.9 32.9 32.9 32.9 375 375 | 329
MS Trxproc eq - 35 35 35 35 35 6.84 8.8 35
Trxproc ch. dec. - 0.9312 0.9104 0.8448 0.7984 0.7696| 1.96 0 2.3
Tproc - 15168 1.5888 1.5640 1.5624 1.5664| 1.5 127 | 171
Margin - 19 1.99 1.9 19 1.9 2 2 19

Td/a - 1 1 1 1 1 1 1 1

Total Downlink _ N/A 101.8 99.0 98.8 96.6 95.6  96.1 96.5 94.4

15 Frequency Response

Note: The frequency response is essentially given as a piece of additional information. It should notbe .- [ Formatted

used to qualify the codec performances in terms of perceived quality or DTMF transparency.

The frequency response of the AMR codec was evaluated by computing the logarithmic gain of the

frequency response of each codec mode, according to the following equation:

M M
Gainas =10log,, [ out(k)?/ > inp(K)’]
k=1 k=1

where inp(k) and out(k) are the input (original) and output (processed) signals and Mis the total

number of processed samples.
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The frequency response was computed for all 8 codec modes (12.2, 10.2, 7.95, 7.4, 6.7, 5.9, 5.15 and 4.75
kbit/s), in error-free condition, with DTX disabled. Tone signals were generated and processed in the
range 50-3998 Hz with a frequency step of 21 Hz. Each tone lasted 8 seconds at a level of =26 dBovl. In
order to discard potential transition effects of the codec, the first 512 samples (64 ms at fc=8 kHz) of the

input & output signals were not taken into account in the computation.

Figure 15.1 provides the frequency responses measured for the 8 AMR speech codecs. Table 15.1 lists
the attenuation measured for each codec at the edges of the telephone bandwidth. The usual definition
of 3-dB bandwidth can be applied to the 4 highest bit-rates leading to a bandwidth equal or wider than
the telephone band. Some limitations appear for the 4 lower bit-rates.

L[] T {Formatted

The same computation was repeated with different input levels: -16 dBovl and =36 dBovl to check the

dependency of the frequency response to the input signal level. Similar curves were found in both

curves.

[ Formatted

Formatted

In order to check if the potential transition behavior of the codecinfluences the shape of the curves, the
computations were repeated without discarding the first 512 samples and using tones with a shorter

length (500 ms). Once again, very similar curves were found in these conditions.

[dB] AMR Codec Frequency Response

15 f———— 122 kbit/s
10.2 kbit/s \\\\?\
20 4 7.95 kbits N
—— 7.40 kbit/s
—— 6.70 kbit/s
25 +——

B —— 5.90 kbit/s
—— 5.15 kbit/s
-30 +———— 4.75 khit/s

Frequency [Hz]

-35

50 470 890 1310 1730 2150 2570 2990 3410 3830
Figure 15.1: AMR Speech Codec Frequency ReSpONSeS e [ Formatted
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R Co Attenuation Attenuation
Modes @ freq=302 Hz | @ freq=3410 Hz
kbit/s [dB] [dB]
12.2 0.28 0.76
10.2 0.18 -1.02
7.95 0.11 -3.87
7.4 0.23 3.32
6.7 0.32 4.66
5.9 0.45 .38
5.15 0.30 8.65
4.75 -0.24 -8.11

Table 15.1: Attenuation at the telephone band limits

16 Complexity

Editor’s Note 2: Section based on the content of Tdoc SMG11 158/99. This document was produced before
a final agreement was reached on the format of the Abis and Ater TRAU frames. The final format could

have an impact on the delay figures presented below.

The AMR speech codec modes complexity were evaluated using the methodology previously agreed for
the standardization of the GSM HR and GSM EFR speech codec.

For each codec mode, the complexity is characterized by the following items:

Number of cycles;

Data memory size;

Program memory size.

The actual values for these items will eventually depend on the final DSP implementation. The

methodology adopted for the standardization of previous GSM speech codecs provides a way to

overcome this difficulty.

In this methodology, the speech and channel coding functions are coded using a set of basic arithmetic
operations. Each operation is allocated a weight representative of the number of instruction cycles

required to perform that operation on a typical DSP device. The Theoretical Worst Case complexity
(wMOPS) is then computed by a detailed counting of the worst case number of basic operations
required to process a speech frame.

The wMOPS figure quoted is a weighted sum of all operations required to perform the speech and/or
channel coding.

Note that in the course of the codec selection, the Worst Observed Frame complexity was also
measured by recording the worst case complexity figure over the full set of speech samples used for the
selection of the AMR codec.

In the case of AMR, the complexity was further divided in the following items:

Speech coding complexity in terms of wMOPS, RAM, ROM Tables and Program ROM
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Full Rate and Half Rate channel complexity in terms of wMOPS, RAM, ROM Tables and Program ROM

The separation of the speech and channel complexity was motivated by the fact that these functions

were generally handled by different system components in the network (speech transcoding functions
in the TRAU and channel coding/decoding in the BTS).

Table 16.1 presents the Theoretical Worst Case (TWC) complexity (wMOPS) for the different AMR
speech codecs in addition to the Worst Observed Frame (WOF) reported during the selection phase.

Tables 16.2 and 16.2 provide the same parameters for the Full Rate and Half Rate channel codecs.

Table 16.4, 16.5 and 16.6 provide the RAM, ROM Tables and Program ROM complexity figures for the
different speech and channel codecs.

For reference, the corresponding AMR project objectives are also provided in these tables.

Mode 122 102 795 74 E7 59 515 475 TWC WOF
Speech encoder(14.051 1366 1418 1303 14.03 11.351 3653 11.63(1418| 13.14

H40e
Speech decoder 23']j j33.2'— 253._1 2242, 248._1 25?1_1 25.7"2- 25722572 219 | EE Objective

—

Total Speech 16361 15.99 1671 15.27 1667 15.97% 12.02 14.20]16.75| 1533 | 1521 | 24 S LEEFR | e (Formatted

Table 16.1: AMR Speech Codec Theoretical Worst Case Complexity (in wMOPS)

Mode 12,2 10.2 795 74 B7 59 515 475 PIwWC wWOF
Constraint Length| B B 7 5 5 7 5 7 WL wOF
FR Channel Coder[0.340. 0360 0310 0290 0320 030 0290 02530 | 0360 0.33
23 25 A 28 3 2 X N T
FR Channel Decoder| 2424 2183 4854 1664 1614 3853 1343 3233|4854

15 BE  F9 48 243 & 0 38 R

N

45 | HR Objective

Total Channel FR 2764, 2544, 5165 1.954 1.934 4154 1.633 32433 | 5215

.

78 | 2B3| B7 J21HR | (Formatted

AF o 1 i £ 4 == 2E 15
Table 16.2: AMR Full Rate Channel Codec Theoretical Worst Case Complexity (in wMOPS)

Mode 795 74 67 59 515 475 IWC WOF

Constraint Length| 5 5 5 5 5 Fi T'wC wiOF
HR Channel Coder|0.190 0,190 0,180 0170 0180 0170 (01903 019

B I L L = = 1= I S |
1

HR Channel Decoder|1.382 1.352 1.252 1.1681 1.142. 2662 |26628 264 | HR  Objective
25 21 s He 5 5 3
Total Channel HR[1.572 1.542 1.432 1.352 1.308 2602 | 2052 | 283 |263] 2 o LIHR | o (Formatted

Table 16.3: AMR HaIfRate Channel Codec Theoretical Worst Case Complexity (in wMOPS)
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Static  Dynamic Total

Speech encoder| 142314 30333023 | 44684468
Speech decoder| 812811 946945 | 17581957 | EFR Dhjective
Total speech| 224122 30393029 (52808819 | 4711 | 10000 ~21EFR | e [ Formatted
44
Channel encoder FR| 27127 18431653 | 21144920
Channel decoder FR| 28028 19151731 [ 2159549287 | HR Objective
Total channel FR{ 551522 19154221 (24662282 | 3184 [ BGOD ~21HR | [ Formatted
Channel encoder HR| 335385 1317886 | 1702254
Channel decoder HR| 334330 1420958 (18143328 HA Objective
Total channel HR| 779765 1420988 |29z H64 [ 3600 ~11HR | [ Formatted
Channel Meas & Control| 130920 35929 161ES

Table 16.4: AMR Codec RAM Requirements (in 16 bits words)

EOM EFR Objective
Speech(145713| B267 | 17000 O~ 3 2EFR [ [ Formatted
4242
HR Objective
Channel|504340( 300 | BOO0 S BEHR | [ Formatted
=l

Channel Meaz & Control 135—81
Total| 193071

£

Table 16.5: AMR Codec ROM Tables Requirements (in 16 bits words)

# of operators
Speech 48514820
Channel 12734988
Channel Meas & Control EHED
Total E1936319E

Table 16.5: AMR Codec Program ROM (in number of operators)

................ [ Formatted

The AMR complexity parameters appear to be well within the initial constraints of the project.

The AMR speech codec complexity is slightly higher than the EFR complexity (in wMOPS and RAM), but
the complete set of eight codecs requires 3 times more ROM than the EFR.

The channel codec complexity matches the initial project objectives (twice the HR channel codec
complexity in Full Rate and once the HR channel codec complexity in Half Rate). The ROM required for
the full set of codecs represents around 5 times the ROM required by the HR channel codec.
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Annex 1: AMR Characterization Phase Overview

The AMR Characterization Tests were performed on version [2.0] of the AMR speech codec source code °,

Two host laboratories (Arcon and COMSAT, USA) shared the responsibility of processing the speech
samples initially provided by the different listening laboratories. The host laboratories cross-checked
the processing performed by the other laboratory and provided the results of this cross checking to the

ETSI secretariat.

Eight listening laboratories performed the corresponding subjective listening tests in 6 different

languages (Chinese, English, French, German, Italian & Spanish). All listening laboratories were
requested to provide the results of the listening tests they performed on an Excel Workbook provided
by the organization responsible for the Global analysis of the results.

The host laboratories and listening laboratories also provided their own report and analysis to fulfil

their contractual commitment.

Seven different experiments and 17 sub-experiments were specified in the AMR Characterization Test
Plan. The primary objectives of the different experiments are listed below:

Experiment 1a & 1b: Performances in Clean Speech in a Full Rate (1a) and Half Rate (1b)

Experiment 2: Interoperability Performances in Clean Speech (adaptation off)
Experiment 3a, 3b & 3c: Performances under background noise conditions in a Full Rate
Experiment 3d, 3e & 3f: Performances under background noise conditions in a Half Rate

Experiment 4a & 4b: Performances in dynamic error conditions in a Full Rate (4a) and Full Rate
(4b) (with adaptation on)

Experiment 5: Performances in combined error conditions in Full Rate and Half Rate (with
adaptation on)

Experiment 6: Influence of the input speech level and Tandeming performances in Full

Rate and Half Rate (adaptation off)
Experiment 7a & 7b: Performance of the ENS VAD/DTX in Full Rate (7a) and Half Rate (7b)
Experiment 7a & 7b: Performance of the Motorola VAD/DTX in Full Rate (7c) and Half Rate (7e)

9 This version also includes version [x.x] of the seeerd-VAD Oeption 2.{Meterela-VAB}
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The following table provides a summary of the impairment conditions included in each experiment.

Exp. Full Half Clean Bckgrd Static Dynamic Adaptation Tandem
Rate Rate Speech Noise Errors Errors On

la X X X

1b X X X

2 X X X X
3a X X X

3b X X X

3c X X X

3d X X X

3e X X X

3f X X X

4a X X X

4b X X X X

3 X X X X X X

6 X X X X
Za X X X X X X
7b X X X X X
Ic X X X X X X
7d X X X X X X

Table A.1: Summary of the AMR Characterization Test conditions

Each experiment was performed by two different laboratories in two different languages as shown in
the following table.

Laboratory: | Arcon | AT&T France Berkom | Nortel |Conexant| FUB [COMSAT
Telecom
Languages |English| English French | German | English | English | Italian | English Number of
Used: Spanish Spanish Conditions
- Chinese Tested10
la FR X(Eng) X (Ger) 6x8
1b HR X(Eng) X (Ger) 7X6
2 X(Ger) | X(Eng) 7x8
3aFR X (Fren) X (Eng) 6x8
3bFR X (Fren) X (Eng) 6x8
3cFR X (Fren) X (Eng) 6x8
3d HR X (Fren) X (Eng) 7x6
3e HR X (Fren) X(Eng) 7x6
3fHR X (Fren) X (Eng) 7x6
4a FR X(Span) X(Eng) 9x3
4b FR X(Span) X (Eng) 9x3
5 X(Eng) X(Ita) 7x2
6 X (Eng) X (Chin) 7x3
7a (ENS) X (Eng) X (Span) 7x3
7b (ENS) X(Eng) X(Span) 7x3
7a (Motorola) | X(Eng) X(Span) 7x3
7b (Motorola) | X(Eng) X(Span) 7x3
Host lab: | Arcon | Arcon COMSAT | COMSAT | Arcon ARCON | COMSAT| COMSAT
COMSAT

Table A.2: Allocation of the Experiments to the Listening Laboratories

10_—In this table, the first number represents the number ofimpairment conditions (propagation errors, tandeming, input level, d ynamic

profile...). The second number represents the number of codec modes or number of configurations under test. For Experiments 7, both
numbers represent impairment types
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The Characterization tests were performed in April-May 1999. The results were distributed over the
AMR and SMG11 reflectors before May 21, 1999.

The global analysis was under the responsibility of the GSM North America Alliance.

The full set of results and report provided by the different laboratories were reviewed and approved in
SMG11#11 (June 4-7,1999) in Tampere, Finland. The final report was approved by SMG#29 (June 21-25,
1999) in Miami-FL, USA
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Annex 2: AMR Verification Phase Overview

The selected AMR speech codec was jointly proposed by Ericsson, Nokia and Siemens. It was identified

during the selection phase by the acronym ENS1.

The proponents had the responsibility to complete the codec optimization after the approval by SMG of

the selection phase results. The optimization phase essentially consisted in bug fixing and optimization

of the channel coding.

To complete the standardization, a number of Third Parties volunteered to participate to the

verification phase by submitting contributions which served as the basis for this Technical Report. They

are listed below with reference to the previous sections of this report.

Characterization Tests

‘| Formatted

The Characterization Tests (Annex 1) were funded by
the GSM Association, with additional contributions
from Ericsson, Motorola, Nokia, and Siemens

10 Performances with DTMF Tones BTritish-Telecorm (Tdoc. SMG11 105/99)
11 Transparency to Announcement Tones France Telecom & T-Mobil (Tdoc. SMG11 13/99)
12 Performances with Special Input Signals France Telecom & Connexant (Tdocs SMG11 12/99 &

1056/99)

Overload Performances

BTritish-Telecom (Tdoc SMG11 10/99)

Idle Channel Behavior

Berkom & Lucent Technology (Tdocs SMG11 54/99 &
55/99

Channel Coding Performances during DTX

Nortel Networks (Tdoc SMG11 68/99)

Muting Behavior

Nortel Networks & Philips (Tdocs SMG11 62/99 &
67/99

Language Dependency

No direct contribution

Transmission Delay

Nortel Networks (Tdoc SMG11- 15989/99)

Frequency Response

CSELT (Tdoc SMG11-SMG11 8/99)

5|15 [I= {163
o |l | | lw

Complexity

Alcatel, Philips, ST Microelectronics & Texas
Instruments (Tdocs SMG11 75/99, -axe-117/99, 194/99

and 398/99)
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Annex 3: Additional Characterization Test Results

This annex contains few additional results from the Characterization Tests. Specifically, the following
sections provide a summary of the speech quality measured for each codec mode under the different
error conditions tested in Experiments 1 and 3. A number of actual test results are also provided to show
the dispersion between tests performed by different laboratories.

,,,,,,,,,,,,,,,, [ Formatted

The following table shows the typical test results dispersion (in Equivalent Q) by comparing the results
obtained for the 2 tests performed for Experiment 1a:

c/i Best Codec Test 1: AT&T (English Test 2: Berkom (German)
performance Qeq Best AMR Delta Qeq Best AMR Delta
(requirement) (Req.) Mode Qeq. (Req.) Mode Qeq.

No Errors EFR No Errors 30.29 10.20 31.85 1.56 27.82 12.20 28.81 0.99
16d8B EFR No Errors 30.29 [ 12.20 | 30.64 035 | 2782 | 12.20 | 29.12 130
13d8B EFR No Errors 30.29 | 12.20 | 31.42 113 | 27.82 | 12.20 | 31.18 3.36
10d8B G.728 No Errors N/A 10.20 | 30.64 N/A N/A 7.95 30.55 5.79
7dB G.728 No Errors N/A 6.70 28.28 N/A N/A 7.95 28.09 3.34
4dB EFRat10dB 23.03 5.90 23.26 0.23 24.75 5.90 23.67 -1.08

Table A3.1-1: Example of test result dispersion for Experiment 1a (Full rate in clean speech

The following tables summarize the performances of the different AMR codec modes under the tested
error conditions with respect to well-known references in full rate mode and clean speech:

Reference 1 Reference 2
EFR No Errors EFR@ 10dB C/I
Codec Equivalent to Equivalent to Worse than Ref.2
Mode Reference 1 Reference 2
12.2 No Errors downto 10 dB C/I 7 dBC/I & below
10.2 No Errors down to 10 dB C/I 7BC/I 4dBC/I
7.95 No Errors down to 7dB C/I 4dBC/I
7.4 No Errors down to 7 dB C/I 4dBC/I
6.7 No Errors down to 7 dB C/I 4dBC/I
5.9 No Errors down to 4 dB C/I
5.15 No Errors down to 4 dB C/I
4.75 No Errors down to 4 dB C/I

Table A3.1-2: AMR speech codec mode performances in clean speech in full rate
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Reference 1

Reference 2

EFR No Errors

EFRat 10 dBC/I

GSM TR 06.75 VV1.21.0 (1999-10)

Error Equivalent to Equivalent to Worse than Ref.2
Condition Reference 1 Reference 2
No Errors 12.2,10.2,7.95,7.4 6.7,5.9,5.15,4.75
13dBC/I 12.2,10.2,7.95,7.4 6.7,5.9,5.15,4.75
10dBC/I 12.2,10.2,7.95,7.4 6.7,5.9,5.15,4.75
7dBC/I 7.95,7.4 10.2,6.7,5.9,5.15,4.75 12.2
4dBC/I 5.9,5.15,4.75 6.7,7.95,7.4 and higher modes

Table A3.1-3: Performances of the AMR speech codecs for different error
conditionsin clean speech in full rate
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A3.2. Performances in Clean Speech in Half Rate mode

The following table shows the typical test results dispersion (in Equivalent Q) by comparing the results
obtained for the 2 tests performed for Experiment 1b:

c/i Best Codec Test 1: AT&T (English Test 2: Berkom
performance Qeq Best AMR Delta Qeq Best AMR Delta
(requirement) | (Rea.) | Mode | Qea. (Rea.) | Mode | Qea.

No Errors G.728 no errors 26.13 7.95 23.94 -2.19 25.22 7.95 28.73 3.52
19dB G.728noerrors | 26.13 | 795 | 2294 | 3.19 | 2522 | 795 | 2729 | 2.08
16d8B G.728noerrors | 26.13 7.40 2341 | 2.72 | 2522 7.95 27.04 183
13d8 FRat13dB N/A 5.90 19.63 N/A N/A 5.90 23.51 N/A
10d8 FRat10dB 16.36 2.90 16.30 -0.06 | 18.92 2.15 22.21 3.29
7d8B FRat7 dB 1421 | 475 | 1s5.14 | 094 | 1674 | 475 | 19.75 | 3.00
4dB FRat4 dB 7.78 4.75 5 2.78 5.72 4.75 12.09 6.37

Table A3.2-1: Example of test result dispersion for Experiment 1b (Halfrate in clean speech

The following tables summarize the performances of the different AMR codec modes under the tested
error conditions with respect to well-known references in half rate mode and clean speech:

Reference 1 Reference 2
G.728 No Errors FR No Errors
Codec Equivalent to Worse than Ref.1 Equivalent to Worse than Ref.2
Mode Reference 1 Better than Ref.2 Reference 2
7.95 No Errors down to 16 dB C/I 13dBC/I 10 dB C/I & below
7.4 No Errors down to 16 dB C/I 13dBC/I 10dBC/I & below
6.7 No Errors down to 16 dB C/I 13dBC/I 10dB C/I & below
5.9 No Errors down to 13 dB C/I 10dB C/I & below
5.15 No Errors down to 13 dB C/I 10dB C/I & below
4.75 No Errors downto 13 dB C/I 10dB C/I & below
Table A3.2-2: AMR speech codec mode performancesin clean speech in halfrate
Reference 1 Reference 2 Reference 3
G.728 No Errors EFRat10dBC/I FRat10dBC/I
Error Equivalent to Equivalent to Worse than Ref.2 Equivalent to Worse than Ref.3
Condition Reference 1 Reference 2 Better thanRef.3 Reference 2
No Errors 7.95,7.4,6.7 5.9,5.15,4.75
19dBC/I 7.95,7.4,6.7 5.9,5.15,4.75
16dBC/I 7.95,74,6.7 5.9,5.15 4.75
13dBC/I 5.9,5.15 6.7,4.75,7.4,7.95
10dBC/I 5.15,4.75 5.9,6.7 7.4,7.95
7dBC/I 4.75 5.15,5.9,6.7,7.4,7.95
4dBC/| all

Table A3.2-3: Performances of the AMR speech codecs for different error
conditions in clean speech in halfrate

A3.3. Performances in Background Noise in Full Rate mode

The following tables show the typical test results dispersion (in Equivalent Q) by comparing the results
obtained for the 2 tests performed for Experiment 3a, 3b & 3c:
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c/ Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance w AMR Delta Qeq | Best | AMR Delta
(requirement) (Req.) Mode Qeq. (Req.) Mode Qeq.

No Errors EFR No Errors 28.05 10.20 27.56 -0.49 25.86 12.20 27.27 1.40
16 dB EFR No Errors 28.05 | 12.20 | 2756 | -0.49 | 25.86 | 12.20 | 26.16 0.30
13dB EFR No Errors 28.05 [ 1220 | 26.83 | -1.22 | 25.86 | 10.20 | 26.91 105
10dB G.729/FR No Errors 23.75 10.20 28.23 4.48 25.86 10.20 28.32 2.46
7dB G.729/FR No Errors 23.75 | 10.20 | 24.76 1.01 | 2586 | 6.70 24.71 -1.16
4dB FRat10dB 20.90 6.70 23.66 277 | 2415 | 5.90 22.57 | -1.59

Table A3.3-1: Example of test result dispersion for Experiment 3a (Full rate in Street Noise
c/i Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance Qeq Best AMR Delta Qeq Best AMR Delta
(requirement) (Req.) Mode Qeq. (Req.) Mode Qeq.

No Errors EFR No Errors 25.19 10.20 26.86 1.67 27.67 10.20 28.47 0.80
16dB EFR No Errors 25.19 | 12.20 | 25.40 021 | 2767 | 12.20 | 26.85 | 0.82
13dB EFR No Errors 25.19 | 12.20 | 25.62 043 | 27.67 | 12.20 | 27.79 0.13
10dB G.729/FR No Errors 23.40 | 1020 | 27.76 436 | 2622 | 12.20 | 29.40 3.18

7dB G.729/FR No Errors 23.40 | 10.20 | 24.32 0.92 | 26.22 | 10.20 | 25.04 -1.18
4dB FRat10dB 20.94 5.90 21.92 097 | 23.26 5.90 22.44 | -0.83
Table A3.3-2: Example of test result dispersion for Experiment 3b (Full rate in Car Noise
c/i Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance [ Qeq | Best | AMR | Delta | Qeq | Best | AVR [ Delta |
(requirement) (Req.) Mode Qeq. (Req.) Mode Qeq.

No Errors EFR No Errors 31.24 10.20 33.09 1.85 29.37 12.20 30.90 1.53
16dB EFR No Errors 31.24 [ 1220 | 30.12 | -1.12 | 29.37 | 12.20 | 30.90 153
13dB EFR No Errors 31.24 | 1020 | 31.56 0.32 | 29.37 | 12.20 | 30.90 153
10dB G.729/FR No Errors 26.67 | 10.20 | 31.56 489 | 2862 | 10.20 | 30.90 2.28
7dB G.729/FR No Errors 2667 | 740 27.72 1.04 | 2862 | 6.70 29.24 0.62
4dB FRat 10 dB 2132 | 590 | 24.21 2.88 | 2468 | 590 | 2593 1.26

The following tables summarize the performances of the different AMR codec modes under the tested

Table A3.3-3: Example of test result dispersion for Experiment 3b (Full rate in Office Noise

error conditions with respect to well-known references in full rate mode under background noise

conditions:
Reference 1 Reference 2
EFR No Errors FR No Errors
Codec Equivalent to Worse than Ref.1 Equivalent to Worse than Ref.2
Mode Reference 1 Better than Ref. 2 Reference 2
12.2 No Errors down to 13 dB C/I 10dBC/I 7 dB C/I & below
10.2 No Errors down to 10 dB C/I 7BC/I 4dBC/I
7.95 No Errors down to 16 dB C/I 13dBC/Idown to 10dB C/I 7BC/ 4dBC/I
7.4 No Errors down to 16 dB C/I 13dBC/Idownto 7 dBC/I 4dBC/I
6.7 No Errors down to 16 dB C/I 13 dB C/Idown to 7 dB C/I 4dBC/l
5.9 No Errors down to 7 dB C/I Equivalent to FR at
10dBat4dBC/I
5.15 Usually found
below FRat 10 C/I
4.75 Usually found
below FRat 10 C/I
Table A3.3-4: AMR speech codec mode performances under background noise condiitonsin full rate
Reference 1 Reference 2
EFR No Errors FR No Errors
Error Equivalent to Worse than Ref.1 Equivalent to Worse than Ref.2
Condition Reference 1 Better than Ref.2 Reference 2
No Errors 12.2,10.2,7.95 7.4,6.7 59 5.15,4.75
13dBC/I 12.2,10.2 7.95 7.4,6.7,5.9,5.15 5.15,4.75
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10dBC/I 10.2 7.95,12.2 7.4,6.7,5.9 5.15,4.75
7dBC/I 10.2,7.95,7.4,6.7,5.9 515,12.2,4.75
4dBC/I Al

Table A3.3-5: Performances of the AMR speech codecs for different error
conditions under background noise condiitons in full rate
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A3.4. Performances in Background Noise in Half Rate mode

The following tables show the typical test results dispersion (in Equivalent Q) by comparing the results
obtained for the 2 tests performed for Experiment 3d, 3e & 3f:

c/i Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance Qeq Best AMR Delta Qeq Best AMR Delta
(requirement) (Rea.) | Mode | Qea. (Rea.) | Mode | Qea.

No Errors EFR No Errors 21.30 7.40 21.30 0.00 25.73 7.95 25.52 -0.22
19dB G.729/FR No Errors 19.99 7.95 20.54 0.55 | 2386 | 740 24.19 033
16dB G.729/FR No Errors 19.99 7.95 20.20 0.21 23.86 7.95 25.85 1.99
13dB FRat13dB 18.21 5.90 17.56 | -0.65 | 2521 | 5.90 22.94 2.26
10dB FRat10dB 17.56 2.15 1569 | -1.87 | 2309 | 4.75 20.50 259

7dB FRat7dB 14.92 4.75 15.17 0.25 | 1992 | 4.75 18.64 -1.28
4dB FRat4dB 4.18 4.75 Z.30 3.12 7.23 4.75 11.40 4.17
Table A3.4-1: Example of test result dispersion for Experiment 3a (Half rate in Street Noise
c/ Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance [ Qeq | Best | AMR | Delta | Qeq | Best | AMR [ Delta |
(requirement) (Req.) | Mode Qeg. (Req.) | Mode Qeq.

No Errors EFR No Errors 22.71 7.95 22.30 -0.41 27.26 7.95 25.66 -1.59
19dB G.729/FR No Errors 20.28 7.40 21.55 128 | 2317 | 795 24.72 155
16dB G.729/FR No Errors 20.28 7.40 20.28 0.00 | 2317 | 795 24.72 155
13d8 FRat13dB 17.60 6.70 19.54 194 | 2430 | 590 23.17 113
10dB FRat10dB 17.60 5.15 16.61 | -0.99 | 23.09 | 4.75 20.36 2.73
7dB FRat7dB 14.51 4.75 15.01 050 | 2126 | 4.75 19.53 .74
4dB FRat4dB 2.39 4.75 7.25 4.86 6.76 4.75 11.43 4.67

Table A3.4-2: Example of test result dispersion for Experiment 3b (Half rate in Car Noise
c/i Best Codec Test 1: Conexant (English) Test 2: France Telecom (French)
performance Qeq | Best | AMR | Delta | Qeq | Best | AMR | Delta
(requirement) (Req.) | Mode Qeq. (Req.) | Mode Qeq.

No Errors EFR No Errors 37.36 6.70 37.53 0.17 31.90 7.95 30.08 -1.82
19dB G.729/FR No Errors 27.75 7.95 27.34 | 041 | 2829 | 795 29.29 1.00
16d8 G.729/FR No Errors 27.75 | 7.95 2663 | -1.12 | 2829 | 795 29.80 1.51
13dB FRat13dB 19.20 5.90 22.81 3.61 | 27.99 | 5.90 27.90 0.10
10dB FRat10dB 19.28 4.75 19.05 | -0.23 | 27.09 | 5.90 25.24 -1.84
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The following tables summarize the performances of the different AMR codec modes under the tested
error conditions with respect to well-known references in half rate mode under background noise
conditions:

Reference 1 Reference 2 Reference 3
EFR No Errors FR No Errors (see Note below) HR No Errors
Codec Equivalent to Equivalent to Worse than Ref.2 Equivalent to Worse than Ref.3
Mode Reference 1 Reference 2 Better than Ref.3 Reference 3
7.95 No Errors down 13dBC/I 10dB C/I & below
to16dB C/I
7.4 No Errors 16 dB C/I 13dBC/I 10 dB C/I & below
6.7 No Errors 16to13dBC/I 10 dB C/I & below
5.9 No Errors down 10dBC/I 7 dB C/1 & below
to13dBC/I
5.15 No Errors down 10dBC/I 7dBC/I & below
to13dBC/I
4.75 No Errors down 7dBC/I & below
to10dBC/I
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Table A3.4-4: AMR speech codec mode performances under background noise condiitons in half rate

Reference 1 Reference 2 Reference 3
EFR No Errors ER No Errors (see Note above) HR No Errors
Codec Equivalent to Equivalent to Worse than Ref.2 Equivalent to Worse than Ref.3
Mod_e Reference 1 Reference 2 Better than Ref.3 Reference 3
No Errors 7.95,7.4,6.7 59 5.15 4.75
16 dBC/I 7.95 7.4,6.7,5.9 5.15 475
13dBC/I 5.9,6.7 5.15 4.75,7.95,7.4
10dBC/1 5.9,5.15,4.75 7.95,7.4,6.7
7dBC/1 4.75 Equivalent to
FRat7dBC/I
4dBC/I 5.15 & 4.75 better
than FRat4 dBC/I

Table A3.4-5: Performances of the AMR speech codecs for different error
conditions under background noise condiitonsin halfrate
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