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This document compares the Texas Instruments AMR WB codec proposal to the design constraints. 

1. 
Introduction

This document compares the Texas Instruments AMR WB codec candidate to the AMR WB codec design constraints as outlined in [1]. All design constraints are met by the Texas Instruments AMR codec candidate.

Section 2 presents point-by-point comparison of the codec proposal to the Design Constraints. Sections 3 and 4 contain detailed analyses of the complexity and transmission delay of the codec proposal. These analyses conform to the AMR complexity and delay assessment methodology defined in AMR-9 [3]. 

2. AMR WB design constraints

Table 1. Summary of compliance with AMR WB design constraints

Development constraints
Compliance
Req.

Complexity requirements:



A.. GSM  FR Chan. Cod, WMOPS 
= 5.5 wMOPS < 5.7 wMOPS
Pass

B. GSM  FR Chan Cod. RAM
= 2787 words < 3.0 kwords
Pass

C. GSM  FR Chan. Cod. ROM 
=  2985 words < 4.5 kwords
Pass

D. GSM  FR Chan. Cod Prog. ROM 
=  910 ETSI basic operators < 2013 ETSI basic operators
Pass

GSM EDGE Chan Cod.
· Only polynomials G4, G5 and G7 from GSM 05.03 were used

· Recursive Systematic Codes were not used

· A maximum constraint length of 7 was used

· A CRC Parity Check of 7 bits is used for all modes

· For in-band signalling, 24 bits were reserved in FR and 12 bits in HR


Pass

Speech Coding Complexity (Important Notes)

1. Even though the codec proposal tested in the selection phase contains only three modes of AMR NB and four additional modes, the computation of the complexity of the source coder was made with the assumption that all eight AMR NB modes as well as the four new modes are part of the source coder. Some modifications were made to the AMR NB software to improve its efficiency in terms of program size, while maintaining bit-exactness with the standard.

2. The DTX complexity is included in the complexity of the speech coder.

E. Speech Cod. + DTX WMOPS 
=  38.9 wMOPS < 40 wMOPS


F. Speech Cod. +DTX RAM
=  5.94 kwords < 15 kwords
Pass

G. Speech Cod. + DTX ROM
=  16.02 kwords < 18 kwords
Pass

H. Speech Cod. +DTX. Prog. ROM
=  5512 ETSI basic operators < 5821 ETSI basic operators
Pass

I. VAD WMOPS
= 0.36 wMOPS < 1.6 wMOPS
Pass

J. VAD RAM 
= 65 words < 149 words
Pass

K. VAD  ROM
=  0 words < 513 words
Pass

L. VAD Prog. ROM
=  314 words < 491 words
Pass

A-ter submultiplexing:
· Several speech codec rates below 14.4 kb/s are provided (e.g. 8.05, 9.30,  11.55, and 14.4 kb/s)
Pass

Other constraints for bits-rates
· The source coder has rates operating at 15.95 and 24 kb/s, which are at or below the rates of interest to the ITU WB question.
Pass

Codec mode:
· Same signalling scheme as in AMR-NB is used.

· The channel coding is part of the codec proposal. The channel coding scheme is included for GSM FR and GSM EDGE.
Pass

Channel mode:
· The AMR-WB codec is designed to operate in the GSM-FR, GSM EDGE and 3G speech traffic channels.
Pass

Channel Coding
· For GSM, the existing sets of channel coding polynomials defined in GSM 05.03 are used.

· In the Selection Phase testing only 2 bit-sensitivity classes are used.
Pass

Tandem Free Operation:
· The AMR-WB codec supports TFO. 
Pass

VAD and comfort noise:
· The VAD and comfort noise encoding solution is provided for the selection phase.
Pass

Discontinuous Transmission (DTX):
· The same DTX scheme as in AMR-NB is used for all applications.
Pass

Active noise suppression:
Not used.
Pass

Transmission delay:
The GSM FR transmission delay is within the requirement. The detailed analysis is in Section 4.
Pass

Error concealment:
The error concealment is only using the soft-output values from the equaliser (i.e. the information contained in the error patterns).
Pass

Frame size:
The frame size is 20 ms.
Pass

Input sampling rate and audio bandwidth
The codec operates on 16 kHz input sampling rate.

The input signal bandwidth is 50 Hz to 7 kHz.

No artefacts are caused by signals lying outside the range 50 Hz to 7 kHz.
Pass

3. Complexity evaluation

The analysis of the complexity of the coder was based on the fixed-point implementation of all coder functions using the ETSI fixed-point library functions.  The Worst Observed Frame figure was computed from the complete database of speech material used for the selection phase. The Worst Observed Frame figures for the speech codec and the channel codec are shown in Table 4, along with the conditions and samples during which they occurred.

Table 4. Maximum complexity figures

Unit
WMOPS
Lab/Experiment/Condition
Processed file

Speech Encoder
27.15
lab_f/exp_1b/cond 18 (2nd processing in tandem)
f1bm2s02.t18

Speech Decoder
11.67
lab_r/exp_1b/cond 17
r1bm2s04.t17

Channel Encoder (GSM-FR)
0.35
lab_d/exp_2b/cond 13
d2bf1s01.t13

Channel Decoder (GSM-FR)
5.09
lab_a/exp_5a/cond 10
a5a01.t10

The Speech Codec and Channel Codec complexity numbers are summarised below. The memory (scratchpad RAM, static RAM and data ROM) and program ROM estimates were based on the fixed-point implementation. 

Speech Codec Summary

Computational Complexity                 38.9 wMOPS

Static RAM                                         3219 words

Dynamic RAM                                   2734  words

Data ROM (Tables)                            16020 words

Program ROM                                    5512 ETSI basic operators

Channel Codec Summary for GSM-FR Channel (including control loop management)

Computational Complexity                            5.5 wMOPS

Static RAM                                                   717 words

Dynamic RAM                                            2070 words

Data ROM (Tables)                                     2985 words

Program ROM                                              910 ETSI basic operators

4. Assessment of algorithmic round-trip delay


The algorithmic round-trip delay is computed in accordance to the guidelines in [2]. The calculation is done using the following delay contributors:

· analysis frame length delay (Tsample): duration of the segment of PCM speech operated on by the speech transcoder.

· interleaving and de-interleaving delay (Trftx): time required for transmission of a speech frame over the air interface due to interleaving and de-interleaving.

· uplink Abis delay (TAbisu): time needed to transmit the minimum amount of bits over the Abis interface that are required at the speech decoder to synthesize the first output sample.

· downlink Abis delay (TAbisd): time required to transmit all the speech frame data bits over the Abis interface in the downlink direction that are required to encode one speech frame.

· filter delay (Tfilter): total one-way delay of all time-invariant filters (e.g., band-splitting, band-limiting and re-composition filters) in encoder and decoder.

The formula used for calculating the total round-trip delay is the following:


Dround-trip = 2(Tsample + Trftx)+ TAbisu + Tabisd+ 2 Tfilter

 This can be expressed in terms of three components

Dround-trip = Drt1 + Drt2 + 2 Tfilter
where

Drt1 = 2(Tsample + Trftx) is the algorithmic round trip delay without the Abis-Ater interface component, and

Drt2 = TAbisu + TAbisd is the algorithmic round trip delay component over the Abis-Ater interface.
The design constraints are as follows:

The references are the maximum Drt1 and Drt2 delays for the AMR narrow-band. I.e. taken from the GSM 06.75 v7.1.0 we have :

Drt1 (ref)= 2(Tsample + Trftx) = 125 ms for FR-12.2 kb/s AMR mode

Drt2 (ref)= TAbisu + TAbisd = 24.25 ms for FR-12.2 kb/s AMR mode

All AMR WB candidates shall comply with the following:

Drt1 (WB) <= Drt1 (ref) = 125 ms; for scenarii A (GSM full-rate traffic channel (22.8 kbit/s gross bit-rate) with an additional constraint of 16 kbit/s A-ter sub-multiplexing ) and B (GSM full-rate traffic channel (22.8 kbit/s gross bit-rate), and

Drt2 (WB) <= Drt2 (ref) + 5 ms = 29.25 ms; for scenario A

Dround-trip (WB) =< Drt1 (ref) + Drt2 (ref) + 6.5 ms = 155.75 ms.

Highest delay of GSM FR modes with 16 kb/s sub-multiplexing scheme

The delay contributors and the total round-trip delay for FR and an Abis rate of 16 kb/s are given and explained in the Table 2. The Abis delay calculation for 16 kb/s sub-multiplexing is based on a new example TRAU frame format proposed for the purposed of delay computation. This format is presented in Table 2. While, depending on the codec mode, neither all of the data bits are used nor all of them have the same meaning as in the respective specifications, it is assumed that header, synchronisation and control bits are unchanged.

Table 2. Round-trip delay calculation for FR

Delay contributor
Upper limit
Comment

Tsample
25 ms
The duration of a speech frame processed by the speech coder (20 ms) including speech coder lookahead (5 ms).

Trftx
37.5 ms
Diagonal interleaving over 8 bursts, considering one possible Idle/SACCH burst.

Tabisu
8.375 ms
The number of speech coding bits needed to start synthesising the first subframe is 114. Using the TRAU frame format proposed in Table 2, where 20 additional bits (control, CRC, synch) need to be transmitted, the total number of bits transmitted over the 16 kb/s Abis interface in the uplink direction is 114 speech bits + 20 additional = 134 bits.

Tabisd
19.25 ms
The maximum number of speech coding bits is 288. (14.4 kb/s mode). Assuming once again the TRAU frame format proposed in Table 2, where 20 additional bits (control, CRC, synch) need to be transmitted, the total number of bits in 16 kbit/s Abis‑interface in downlink direction is 308.

Tfilt
0.5ms
The total one-way filtering delay of the band-splitting analysis plus synthesis filterbank is 8 samples at 16 kHz.

Drt1= 2(Tsample + Trftx)
125 ms
For both scenarii A and B, this delay component is identical to that of AMR NB. The design constraint is met.

Drt2 = Tabisu + Tabisd
27.625 ms
The Abis delay for Application A is less than the requirement of 29.25 ms. The design constraint is met.

Dround-trip = 2(Tsample + Trftx)+ TAbisu + TAbisd + 2 Tfilter

153.625 ms
The total round-trip delay for the codec proposal for Application A (GSM FR channel with 16 kb/s submultiplexing) is less than the required maximum of 155.75. This delay figure can be further reduced by using a different TRAU frame format. The design constraint is met.

Table 2 is provided as an example TRAU frame format for the AMR WB codec proposal. It contains 12 synchronisation bits (preset to 0 and 1), 17 control bits (labelled C1-C17) and 291 data bits (labelled D1-291), which include the maximum 288 speech bits and 3 CRC bits. The control bits include the codec mode indication, the frame type indicator, time alignment information. This is only an example solution and this TRAU frame format may be optimised at a later stage. It is only presented with the intention of demonstrating that the delay constraint is met.

 Table 3. Example TRAU frame format for AMR WB codec proposal


Bit number

Octet no.
1
2
3
4
5
6
7
8

0
0
0
0
0
C1
C2
C3
C4

1
C5
C6
C7
C8
C9
C10
C11
C12

2
1
C13
C14
C15
C16
C17
D1
D2

3
D3
D4
D5
D6
D7
D8
D9
D10

4
1
D11
D12
D13
D14
D15
D16
D17

5
D18
D19
D20
D21
D22
D23
D24
D25

6
1
D26
D27
D28
D29
D30
D31
D32

7
D32
D34
D35
D36
D37
D38
D39
D40

8
1
D41
D42
D43
D44
D45
D46
D47

9
D48
D49
D50
D51
D52
D53
D54
D55

10
1
D56
D57
D58
D59
D60
D61
D62

11
D63
D64
D65
D66
D67
D68
D69
D70

12
1
D71
D72
D73
D74
D75
D76
D77

13
D78
D79
D80
D81
D82
D83
D84
D85

14
1
D86
D87
D88
D89
D90
D91
D92

15
D93
D94
D95
D96
D97
D98
D99
D100

16
1
D101
D102
D103
D104
D105
D106
D107

17
D108
D109
D110
D111
D112
D113
D114
D115

18
D116
D117
D118
D119
D120
D121
D122
D123

19
D124
D125 
D126
D127
D128
D129
D130
D131

20
D132 
D133
D134
D135
D136
D137
D138
D139

21
D140 
D141
D142
D143
D144
D145
D146
D147

22
D148
D149
D150
D151
D152
D153
D154
D155

23
D156
D157
D158
D159
D160
D161
D162
D163

24
D164
D165
D166
D167
D168
D169
D170
D171

25
D172
D173
D174
D175
D176
D177
D178
D179

26
D180
D181
D182
D183
D184
D185
D186
D187

27
D188
D189
D190
D191
D192
D193
D194
D195

28
D196
D197
D198
D199
D200
D201
D202
D203

29
D204
D205
D206
D207
D208
D209
D210
D211

30
D212
D213
D214
D215
D216
D217
D218
D219

31
D220
D221
D222
D223
D224
D225
D226
D227

32
D228
D229
D230
D231
D232
D233
D234
D235

33
D236
D237
D238
D239
D240
D241
D242
D243

34
D244
D245
D246
D247
D248
D249
D250
D251

35
D252
D253
D253
D255
D256
D257
D258
D259

36
D260
D261
D262
D263
D264
D265
D266
D267

37
D268
D269
D270
D271
D272
D273
D274
D275

38
D276
D277
D278
D279
D280
D281
D282
D283

39
D284
D285
D286
D287
D288
D289
D290
D291

8. Conclusions

The ENS1 codec candidate was compared against the AMR codec Development Constraints. It was shown that all development constraints are met by the proposed codec.
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