3GPP TSG-S4#15 meeting
22-27 Jan. 2001, Munich, Germany
Tdoc S4 (01)0052

Title :
Verification of the delays for the Wideband AMR Codec 

Source :
Nortel Networks

1 Introduction

In this document, we give methodology and results of the Algorithmic Round Trip Delay (ARTD) assessments of the selected Wideband AMR codec (denoted WB-AMR in the following). We check in particular that the evaluation of the algorithmic round trip delay done by the candidate in [6] according to [5] is in line with our own evaluation. Regarding potential formats for the TRAU frames, note that some assumptions based on current schemes [3, 4] were made. The formats given could be used as a basis for the definition of TRAU frames but are not a proposal as such.

The analysis of the overall round trip delay (involving processing delays deduced from the complexity evaluation) is for further study.
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Terms and acronyms

AMR 

AMR (narrow-band) speech codec

ARTD 

Algorithmic Round Trip Delay

EFR

Enhanced Full Rate speech codec

FR

Full Rate speech codec

HR

Half Rate speech codec

RTD 

Round Trip Delay

WB-AMR
selected Wideband AMR speech codec

TCH/WFS
Wideband AMR Full Speech traffic channel (GMSK)

O-TCH/WFS
Wideband AMR Full Speech traffic channel (8PSK)

O-TCH/WHS
Wideband AMR Half Speech traffic channel (8PSK)

Delay definitions

Tsample:
Duration of the segment of PCM speech operated on by the speech transcoder (system dependent).

Trftx:
Time required for transmission of a speech frame over the air interface due to interleaving and de-interleaving (system dependent).

Tabisu:
Time needed to transmit the minimum amount of bits over the Abis interface that are required at the speech decoder to synthesise the first output sample (system dependent).

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 (system dependent).

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

2 Algorithmic Round Trip Delay

2.1 Definition of the requirement

The Algorithmic Round Trip Delay (ARTD) is calculated according to the design constraints document [5]. The section is reprinted here:

------------------------------------------------------------------------------------------------------------------------------------------------


  Evaluation of algorithmic round-trip delay

The MS-to-MS algorithmic round-trip delay evaluation of a codec mode is based on five codec dependent algorithmic 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 synthesise 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 round-trip delay evaluation is the following:


Dround-trip = 2(Tsample + Trftx)+ TAbisu + TAbisd + 2 Tfilter
The proponents must compute and provide figures for each component of the round trip delay for following configurations :

· highest delay of full-rate modes with 16kbps sub-multiplexing scheme ;

· highest delay of full-rate modes without 16kbps sub-multiplexing scheme 

The delay constraints for the GSM TCH/FR channel is defined as follow:

Let’s define the algorithmic round trip delay with two components

Dround-trip = 2(Tsample + Trftx)+ TAbisu + TAbisd + 2 Tfilter
Dround-trip = Drt1 + Drt2 + 2 Tfilter
With

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

Drt2 = TAbisu + TAbisd , the algorithmic round trip delay component over the Abis-Ater interface.
The reference 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 kbps AMR mode

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

All AMR WB candidates shall comply with the following:

Drt1 (WB) <= Drt1 (ref) ; 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 ; for scenario A

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

The Abis delays (uplink and downlink) should be computed with a similar methodology as the one used in the GSM Recommendations 03.05 for the GSM FR, and 06.55 for the GSM EFR.

For the qualification and the selection phases the proponents must justify how the delay figures were computed. To that purpose, they can base the Abis delays on either type of TRAU frames (existing FR, HR and AMR TRAU frames, or new TRAU frames format proposed for AMR-WB).

------------------------------------------------------------------------------------------------------------------------------------------------

2.2 Assumptions for TRAU frame format

The following formats were assumed for the calculations. The formats given could be used as a basis for the specification of TRAU frames.

2.2.1 Abis/Ater 16kbps sub-multiplexing

The following contains basis for a TRAU frame format in the case of 16kbps sub-multiplexing. We've tried to align with existing formats [3]. 

Frame formats have to be defined for the following modes.

Codec mode
Number of speech
 bits delivered 
per block (Kd)
Minimum number 
of speech bits 
for synthesis

TCH/WFS14.25, O-TCH/WFS14.25, O-TCH/WHS14.25
285
108

TCH/WFS12.65 , O-TCH/WFS12.65, O-TCH/WHS12.65
253
100

TCH/WFS8.85 , O-TCH/WFS8.85, O-TCH/WHS8.85
177
81

TCH/WFS6.60, O-TCH/WFS6.60, O-TCH/WHS6.60
132
63

2.2.1.1 Frames for Wideband Adaptive Multi-Rate Speech 




Bit number 




Octet no.
1
2
3
4
5
6
7
8

0
0
0
0
0
0
0
0
0

1
0
0
0
0
0
0
0
0

2
1
C1
C2
C3
C4
C5
C6
C7

3
C8
C9
C10
C11
C12
C13
D1
D2

4
D3
D4
D5
D6
D7
D8
D9
D10

5
D11
D12
D13
D14
D15
D16
D17
D18

6
D19
D20
D21
D22
D23
D24
D25
D26

7
D27
D28
D29
D30
D31
D32
D33
D34

8
D35
D36
D37
D38
D39
D40
D41
D42

9
D43
D44
D45
D46
D47
D48
D49
D50

10
D52
D52
D53
D54
D55
D56
D57
D58

11
D59
D60
D61
D62
D63
D64
D65
D66

12
D67
D68
D69
D70
D71
D72
D73
D74

13
D75
D76
D77
D78
D79
D80
D81
D82

14
D83
D84
D85
D86
D87
D88
D89
D90

15
D91
D92
D93
D94
D95 
D96
D97
D98

16
D99
D100
D101
D102 
D103
D104
D105
D106

17
D107
D108
D109
D110 
D111
D112
D113
D114

18
D115
D116
D117 
D118
D119
D120
D121
D122

19
D123
D124
D125 
D126
D127
D128
D129
D130

20
D131
D132 
D133
D134
D135
D136
D137
D138

21
D139
D140 
D141
D142
D143
D144
D145
D146

22
D147 
D148
D149
D150
D151
D152
D153
D154

23
D155 
D156
D157
D158
D159
D160
D161
D162 

24
D163
D164
D165
D166
D167
D168
D169
D170 

25
D171
D172
D173
D174
D175
D176
D177 
D178

26
D179
D180
D181
D182
D183
D184
D185 
D186

27
D187
D188
D189
D190
D191
D192 
D193
D194

28
D195
D196
D197
D198
D199
D200 
D201
D202

29
D203
D204
D205
D206
D207 
D208
D209
D210

30
D211
D212
D213
D214
D215 
D216
D217
D218

31
D219
D220
D221
D222 
D223
D224
D225
D226

32
D227
D228
D229
D230 
D231
D232
D233
D234

33
D235
D236
D237 
D238
D239
D240
D241
D242

34
D243
D244
D245 
D246
D247
D248
D249
D250

35
D251
D252
D253
D254
D255
D256
D257
D258

36
D259
D260
D261
D262
D263
D264
D265
D266

37
D267
D268
D269
D270
D271
D272
D273
D274

38
D275
D276
D277
D278
D279
D280
D281
D282

39
D283
D284
D285
D286
D287
D288
T1
T2

Coding of Frames for Wideband Adaptive Multi-Rate Speech 

Coding of Control bits (C-bits)

Control Bits
Description Uplink
Description Downlink

C1...C5
Frame_Type (Codec_Type)
Frame_Type (Codec_Type)

Using stolen frames (6 bits) in 14.25 kbps and D bits in other cases
Time Alignment Command (TAC) or Phase Alignment Control (PAC) or
TFO Information or
Handover Information
Time Alignment Command (TAC) or
Phase Alignment Control (PAC) or
TFO Information or
Handover Information

C6
Request or Indication Flag (RIF)
Request or Indication Flag (RIF)

C7
spare, set to 1
Uplink Frame Error (UFE)

Using stolen frames (6 bits) in 14.25 kbps and D bits in other cases
Config_Prot
Config_Prot

Using stolen frames (6 bits) in 14.25 kbps and D bits in other cases
Message_No
Message_No

C8
DTX in downlink requested (DTXd)
spare, reserved for TFO (see 08.62)

C9
TFO Enabled (TFOE)
spare, reserved for TFO (see 08.62)

C10 . C11
Frame_Classification, Rx_Type
Frame_Classification, Tx_Type

C12. C13.
Codec_Mode_Indication (RIF == 0) or
Codec_Mode_Request (RIF == 1) or
0.0 (Frame_Classification == 0.0)
Codec_Mode_Indication (RIF == 0) or
Codec_Mode_Request (RIF == 1) or
0.0 (Frame_Classification == 0.0)


Detailed Description:

Frame Type:
The coding of the Frame_Type (also called "Codec_Type") for Wideband AMR is identical in uplink and downlink.
C1...C5:
[1.0.1.1.0]:
Wideband Adaptive Multi-Rate Codec.

Time Alignment Field:
The Time Alignment Field, in case of 14.25 kbps speech frames, is sent via stolen frames.

The Time Alignment Field is used to carry either the Time Alignment Command (TAC), the Phase Alignment Control (PAC) or the TFO and Handover Information. The Time Alignment Command is coded as for the Full Rate and Enhanced Full Rate 

Time Alignment Command (TAC):
In the uplink direction (BTS to TRAU) the TAC indicates the required timing adjustment for the downlink TRAU frame to be made by the TRAU in 250/500(s steps.

0.0.0.0.0.0
No change in frame timing
0.0.0.0.0.1
Delay frame  1 x 500(s (send four additional T-Bit-pairs after the end of the TRAU Frame)
0.0.0.0.1.0
Delay frame  2 x 500(s (send eight additional T-Bit-pairs after the end of the TRAU Frame)
…
1.0.0.1.1.1
Delay frame 39 x 500(s (send 156 additional T-Bit-pairs after the end of the TRAU Frame)
(1.0.1.0.0.0 to 1.1.0.1.1.1: 16 code-points, unused, reserved)
(1.1.1.0.0.0 to 1.1.1.0.1.1: 4 code-points, reserved for TFO and Handover Information)
(1.1.1.1.0.0
reserved, unused)
(1.1.1.1.0.1
reserved for WB-AMR CMI/CMR Phase Alignment Command (PAC), no change in frame timing)
1.1.1.1.1.0
Delay frame by 250(s (send two additional T-Bit-pairs after the end of the TRAU Frame)
1.1.1.1.1.1
Advance frame by 250(s (do not send the two T-Bit-pairs at the end of the TRAU Frame).

Phase Alignment Command (PAC) (useful when TFO is not supported or disabled): 
The Phase Alignment Command (PAC) can be used by the BTS to command the TRAU to change (invert) the phase of CMI/CMR, respectively RIF, in downlink TRAU frames, see sub-clause 4.6.1.2.1. 


 1.1.1.1.0.1
AMR CMI/CMR Phase Alignment Command (PAC), no change in frame timing.

In No_Speech frames the Phase Alignment Command may optionally be transmitted by one additional bit (PAB, see subsection 3.5.1.2.2) that allows a direct time and phase alignment in one step.

TFO Information (recommended when TFO is supported, see GSM 08.62):


1.1.1.0.0.0
1.1.1.0.0.1
1.1.1.0.1.0
These three codes are reserved for Tandem Free Operation (see GSM 08.62). They result in no change in frame timing. If the BTS does not support TFO or TFO is disabled these codes shall not be  used. The procedure to exchange this information between BTS and TRAU is described in GSM 08.62.

Handover Information (recommended when Pre-Handover Warning is supported):
 
1.1.1.0.1.1
Handover_Soon
Handover is to be expected soon.
This code is used, if the BSC and BTS support Pre-Handover Warning. It results in no change in frame timing. The BTS shall repeat this information as long as it is valid in every frame where no other information has to be transmitted in the Time Alignment Field. The TRAU shall not reflect or acknowledge it. The procedure to exchange this information in case of TFO is described in GSM 08.62.

Request or Indication Flag (RIF):
This flag indicates the phase of the Codec_Mode_Indication (RIF == 0) respectively the Codec_Mode_Request (RIF == 1). It has the same meaning in uplink and in downlink. Typically this flag toggles every frame. Exceptions may occur at handover and CMI/CMR phase alignment.

Uplink Frame Error (UFE):
In downlink the UFE indicates that the most recently received uplink TRAU frame had detectable errors.
In uplink this bit shall be set to "1".
UFE == 0: "Uplink Frame received with Errors"; 
UFE == 1: "Uplink Frame received without Errors".
Note: the UFE is not related to the frame classification (Rx_Type) as computed by the BTS radio receiver. It is related to inconsistencies in the TRAU frame synchronization, control bits or CRCs within the TRAU frame. 

Config_Prot
The Field, in case of of 14.25 kbps speech frames, is sent via stolen frames.

This field is reserved for the Configuration Protocol in case of Tandem Free Operation (see GSM 08.62). If the BTS does not support TFO or TFO is disabled, then this field shall be set to "0.0.0".

Message_No
The Field, in case of of 14.2 kbps speech frames, is sent via stolen frames.

This field is reserved for the Configuration Protocol in case of Tandem Free Operation (see GSM 08.62). If the BTS does not support TFO or TFO is disabled, then this field shall be set to "0.0".

DTX in downlink requested (DTXd)

TFO Enabled (TFOE)
This bit enables or disables Tandem Free Operation in the TRAU. If the BTS does not support TFO or TFO is disabled, then this bit shall be set to "0". Coding: 
TFOE == 0: TFO Disabled; 
TFOE == 1: TFO Enabled.

Frame_Classification:

This field classifies the contents of the TRAU frame as seen by the radio receiver, see GSM 06.XX:

C10...C11:

 
1
1
"Speech_Good"
the frame can be decoded without restriction

 
1
0
"Speech_Degraded"
the frame might contain undetected errors

 
0
1
"Speech_Bad"
the frame contains errors that can not be corrected

 
0
0
"No_Speech"
the frame is not a speech frame, see below.

In the uplink direction the Frame_Classification is also called "Rx_Type" and is always set by the BTS.

In the downlink direction the Frame_Classification is also called "Tx_Type".
If Tandem Free Operation is not ongoing, then the codes "Speech_Degraded", and "Speech_Bad" shall not be used in the downlink direction. If Tandem Free Operation is ongoing, then all codes may be used in the downlink direction. For the handling within the downlink BTS, see GSM 08.62).

Codec_Mode_Indication / Codec_Mode_Request:
This 2 bits field has three different meanings, depending on the Frame_Classification field and the Request_or_Indication_Flag (RIF):
If Frame_Classification is different than "0.0" then this field contains
either 
the 
Codec_Mode_Indication (CMI), if RIF equals 0;
or 
the 
Codec_Mode_Request (CMR), if RIF equals 1.
If Frame_Classification is equal to "0.0", i.e. when a No_Speech frame is transmitted, then this field shall be set to "0.0". CMI and CMR are then simultaneously transmitted in the Data Bits.
The coding is identical in uplink and downlink.
C12 . C13. :
 
0
0

Codec_Mode 6.60 kBit/s
 
0
0

Codec_Mode 8.85 kBit/s
 
0
1

Codec_Mode 12.65 kBit/s
 
0
1

Codec_Mode 14.25 kBit/s

The CMI indicates the Codec_Mode to be used for decoding the associated speech parameters in the same and the next frame. The CMR indicates the Codec_Mode to be used for encoding in the opposite direction.

Note 1: In the TRAU frames, the Codec_Mode_Request, respectively the Codec_Mode_Indication are coded absolutely (three bits for 4 possible modes). On the radio interface, because of bandwidth limitation, these parameters are coded with two bits only. The CCU shall perform the required translation.

Note 2: In case of no Tandem Free Operation the uplink CMR is a Codec_Mode_Command (CMC) from the BTS to the TRAU and the TRAU shall try to follow the command as soon as possible. The only allowed exception is in case of DTX when SID or No_Data frames can be used during speech pauses. In the downlink direction the CMR shall be set by the TRAU to "1.1.1".

Note 3: In case of an ongoing Tandem Free Operation, the local uplink CMR is an indication from the local BTS to the TRAU, respectively to the distant BTS, on the highest allowed Codec_Mode in the local downlink direction. This indication must be combined with the corresponding CMR in the distant uplink direction to set the Codec Mode to use in that direction. The local downlink CMR is the indication from the distant radio link on the highest allowed Codec_Mode in the distant downlink direction. This indication must be combined with the corresponding CMR for the local uplink direction, see GSM 05.09 and 08.62.

Coding of Data bits (D-bits)

Coding of Speech Frames:

WB-AMR Mode 14,25kbps:
D1...D108:
[first block and first sub-frame]
D109...D111:
CRC over bits C1,…, C13, D1, … , D108
D112...D288:
[remaining sub-frames]

WB-AMR Mode 12,65kbps:

D1…D32:
TFO bits or "1" bits

D33...D132:
[first block and first sub-frame]
D133...D135:
CRC over bits C1,…, C13, D33, … , D135
D136...D288:
[remaining sub-frames]

WB-AMR Mode 8.85kbps:

D1…D32:
TFO bits or "1" bits

D33...D113:
[first block and first sub-frame]
D114...D116:
CRC over bits C1,…, C13, D33, … , D113
D117...D231:
[remaining sub-frames]

D232…D288:
spare; "1" bits

WB-AMR Mode 6.60kbps:

D1…D32:
TFO bits or "1" bits

D33...D98:
[first block and first sub-frame]
D99...D101:
CRC over bits C1,…, C13, D33, … , D98
D102...D170:
[remaining sub-frames]

D171…D288:
spare; "1" bits

2.2.2 Abis delays in the case of 14.25 kbps frames

In uplink, after channel decoding, speech bits are sent from the BTS to the TRAU using TRAU frames. 

The delay Tabisu experienced on this link is due to the transmission of necessary bits to start synthesis on the TRAU side after channel decoding inside the BTS.

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

Some bits can be sent prior to channel decoding (sent “in advance”), others can’t.

Following the 14.25 kbps TRAU frame

17 sync bits can be sent in advance.

1 RIF bit can be sent in advance

1 spare bit can be sent in advance

1 DTXd bit can be sent in advance

1 TFOe bit can be sent in advance

2 RxType bits CAN NOT be sent in advance.

Therefore, 21 bits can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start synthesis ?

Among the bits that can not be sent in advance, 

The RxType is necessary to call the speech decoder either in speech normal decoding or in error concealment operation or even in comfort noise generation mode.

The CMI/CMR is necessary to correctly interpret the parameters.

The first 108 speech bits are necessary to obtain the first output PCM sample in the case of  SPEECH_GOOD 14.25 kbps mode.

The 3 CRC bits are necessary to check those 108 speech bits.

Therefore, the last required bit is D111.

3) What is the delay between the first bit and the last required bit ?

It is the product of the number of dibits between C10 and D111 and the transmission time of one dibit.

I.e. 115 bits in 116/2 dibits. 

· Tabisu (14.25/16kbps-Abis) = 58 dibits of 125µs = 7.25ms

2.2.3 Downlink Abis delay in the case of 14.25 kbps frames

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

Bits up to and including C9 can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start channel encoding ?

The last required bit is the last CRC bit D288.

3) What is the delay between the first bit and the last required bit ?

· Tabisd (14.25/16kbps-Abis) = 294/2 dibits of 125µs = 18.375ms

2.2.4 Abis/Ater 32 kbps sub-multiplexing

Codec mode
Number of speech 
bits delivered 
per block
Minimum number 
of speech bits 
for synthesis

O-TCH/WFS23.85, O-TCH/WHS23.85
477
155

O-TCH/WFS23.05, O-TCH/WHS23.05
461
152

TCH/WFS19.85, O-TCH/WFS19.85, O-TCH/WHS19.85
397
136

TCH/WFS18.25 , O-TCH/WFS18.25, O-TCH/WHS18.25
365
128

TCH/WFS15.85 , O-TCH/WFS15.85, O-TCH/WHS15.85
317
116

TCH/WFS14.25, O-TCH/WFS14.25, O-TCH/WHS14.25
285
108

TCH/WFS12.65 , O-TCH/WFS12.65, O-TCH/WHS12.65
253
100

TCH/WFS8.85 , O-TCH/WFS8.85, O-TCH/WHS8.85
177
81

TCH/WFS6.60, O-TCH/WFS6.60, O-TCH/WHS6.60
132
63

The novelty compared to AMR is that several WB-AMR modes do not fit into 16kbps sub multiplexing. Therefore, a 32 kbps sub-multiplexing has to be used. The formats given here could be used as a basis for the specification of TRAU frames. 

The idea is to use two 16kbps channels. One called channel 0 and the other channel 1. Both channels are using the AMR Frame as defined in [3]. 

The AMR frame format is reprinted here:




Bit number 




Octet no.
1
2
3
4
5
6
7
8

0
0
0
0
0
0
0
0
0

1
0
0
0
0
0
0
0
0

2
1
C1
C2
C3
C4
C5
C6
C7

3
C8
C9
C10
C11
C12
C13
C14
C15

4
1
C16
C17
C18
C19
C20
C21
C22

5
C23
C24
C25
D1
D2
D3
D4
D5

6
1
D6
D7
D8
D9
D10
D11
D12

7
D13
D14
D15
D16
D17
D18
D19
D20

8
1
D21
D22
D23
D24
D25
D26
D27

9
D28
D29
D30
D31
D32
D33
D34
D35

10
1
D36
D37
D38
D39
D40
D41
D42

11
D43
D44
D45
D46
D47
D48
D49
D50

12
1
D52
D52
D53
D54
D55
D56
D57

13
D58
D59
D60
D61
D62
D63
D64
D65

14
1
D66
D67
D68
D69
D70
D71
D72

15
D73
D74
D75
D76
D77
D78
D79
D80

16
1
D81
D82
D83
D84
D85
D86
D87

17
D88
D89
D90
D91
D92
D93
D94
D95 

18
1
D96
D97
D98
D99
D100
D101
D102 

19
D103
D104
D105
D106
D107
D108
D109
D110 

20
1
D111
D112
D113
D114
D115
D116
D117 

21
D118
D119
D120
D121
D122
D123
D124
D125 

22
1
D126
D127
D128
D129
D130
D131
D132 

23
D133
D134
D135
D136
D137
D138
D139
D140 

24
1
D141
D142
D143
D144
D145
D146
D147 

25
D148
D149
D150
D151
D152
D153
D154
D155 

26
1
D156
D157
D158
D159
D160
D161
D162 

27
D163
D164
D165
D166
D167
D168
D169
D170 

28
1
D171
D172
D173
D174
D175
D176
D177 

29
D178
D179
D180
D181
D182
D183
D184
D185 

30
1
D186
D187
D188
D189
D190
D191
D192 

31
D193
D194
D195
D196
D197
D198
D199
D200 

32
1
D201
D202
D203
D204
D205
D206
D207 

33
D208
D209
D210
D211
D212
D213
D214
D215 

34
1
D216
D217
D218
D219
D220
D221
D222 

35
D223
D224
D225
D226
D227
D228
D229
D230 

36
1
D231
D232
D233
D234
D235
D236
D237 

37
D238
D239
D240
D241
D242
D243
D244
D245 

38
1
D246
D247
D248
D249
D250
D251
D252

39
D253
D254
D255
D256
T1
T2
T3
T4

The mapping of the bits is as follow.

Coding of Control bits (C-bits)

Control bits are mapped identically onto channels 0 and 1. To remove any ambiguity, first, channels should be aligned in the multiplexing (di-bits pairs 0-1/2-3, or 4-5/6-7) and second, a different Frame_type should be used for Channel 0 and channel 1.

The proposed candidate contains 9 modes. If one mode was to be removed, the format could be kept as it is. If not, one extra control bit for Codec_Mode control would have to be introduced in both the 32kbps and 16kbps formats. For sake of simplicity, the assumption is that 8 modes are signaled.

Time alignment commands should be applied onto both channels.

Coding of Data bits (D-bits)

Coding of Speech Frames: 

Speech bits are mapped onto channel 0 and 1. 

WB-AMR Mode 23.85kbps:

Channel 0:
D1...D14:
TFO or spare "1" bits

D15...D92:
s1, s3, s5, … s155 [first block and first sub-frame]
D93...D95:
CRC over bits C1,…, C25, D15, … , D92
D96...D256:
s157, s159, s161… s477 [remaining sub-frames]

Channel 1:
D1...D14:
TFO or spare "1" bits

D15...D91:
s2, s4, s6, … s154 [first block and first sub-frame]
D92...D94:
CRC over bits C1,…, C25, D15, … , D91
D95...D255:
s156, s158, s160… s476 [remaining sub-frames]

WB-AMR Mode 23.05kbps:
[TBC]

WB-AMR Mode 19.85kbps:
Channel 0:
D1...D32:
TFO or spare "1" bits

D33...D100:
s1, s3, s5, … s135 [first block and first sub-frame]
D101...D103:
CRC over bits C1,…, C25, D33, … , D100
D104...D234:
s137, s139, s141… s397 [remaining sub-frames]

D235...D256:
spare; "1" bits

Channel 1:
D1...D32:
TFO or spare "1" bits

D33...D100:
s2, s4, s6, … s136 [first block and first sub-frame]
D101...D103:
CRC over bits C1,…, C25, D33, … , D100
D104...D233:
s138, s140, s142… s396 [remaining sub-frames]

D234...D256:
spare; "1" bits

WB-AMR Mode 18.25kbps:
[TBC]

WB-AMR Mode 15,85kbps:
[TBC]

WB-AMR Mode 14,25kbps:
[TBC]

WB-AMR Mode 12,65kbps:

[TBC]

WB-AMR Mode 8.85kbps:

[TBC]

WB-AMR Mode 6.60kbps:

[TBC]

2.2.5 Uplink Abis delay in the case of 23.85 kbps frames

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

38 bits (up to and including C20) can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start synthesis ?

The last required bit is the last CRC bit D95.

3) What is the delay between the first bit and the last required bit ?

· Tabisu (23.85/32kbps-Abis) = 106/2 dibits of 125µs = 6.625ms

2.2.6 Downlink Abis delay in the case of 23.85 kbps frames

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

38 bits (up to and including C20) can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start channel encoding ?

The last required bit is the last CRC bit D256.

3) What is the delay between the first bit and the last required bit ?

· Tabisd (23.85/32kbps-Abis) = 276/2 dibits of 125µs = 17.25ms

2.2.7 Uplink Abis delay in the case of 19.85 kbps frames

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

38 bits (up to and including C20) can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start synthesis ?

The last required bit is the last CRC bit D103.

3) What is the delay between the first bit and the last required bit ?

· Tabisu (19.85/32kbps-Abis) = 116/2 dibits of 125µs = 7.25ms

This is the maximum uplink delay experienced for 32kbps Abis/Ater frames.

2.2.8 Downlink Abis delay in the case of 19.85 kbps frames

1) Which is the first bit in the TRAU frame that can not be sent in advance ?

38 bits (up to and including C20) can be sent in advance.

2) Which is the last bit needed in the TRAU frame to start channel encoding ?

The last required bit is the last CRC bit D234.

3) What is the delay between the first bit and the last required bit ?

· Tabisd (19.85/32kbps-Abis) = 300/2 dibits of 125µs = 18.75ms

2.3 Verification of the requirements

Analysis frame length delay (Tsample)

This duration is checked by looking into the speech encoder software. 

320 16kHz speech samples are read every 20ms. A 5ms look-ahead is used.

Note that this time does not correspond to the size of the analysis window but to the delay due to framing and look-ahead.

· Tsample = 25 ms. (= 20ms + 5ms look-ahead)

Interleaving and de-interleaving delay (Trftx)

This time could be checked by looking at the interleaving functions of the channel codec of the proponent. The channel codec software was not delivered and so could no be checked. The detailed description of the selected candidate shows that symbol interleaving for TCH/WFS was identical to TCH/AFS. 

· TCH/WFS Trftx = 37.5ms.

Also, the detailed description of the selected candidate shows that a symbol interleaving based on existing TCH/AFS (resp. TCH/AHS) was used for O-TCH/WFS (resp. O-TCH/WHS). 

· O-TCH/WFS Trftx = 37.5ms.

· O-TCH/WHS Trftx = 32.9ms.

Uplink Abis delay (Tabisu)

This time depends on the minimum amount of bits over the Abis interface that are required at the speech decoder to synthesize the first output sample. It also depends on the TRAU frame format. The delays for each mode and each type of Abis/Ater multiplexing are given in the previous section.

· Tabisu (14.25/16kbps-Abis) = 116/2 dibits of 125µs = 7.25ms

· Tabisu (23.85/32kbps-Abis) = 106/2 dibits of 125µs = 6.625ms

· Tabisu (19.85/32kbps-Abis) = 116/2 dibits of 125µs = 7.25ms

Downlink Abis delay (Tabisd)

This time depends on the size of encoded speech frames. It also depends on the TRAU frame format. The delays for each mode and each type of Abis/Ater multiplexing are given in section.

· Tabisd (14.25/16kbps-Abis) = 294/2 dibits of 125µs = 18.375ms

· Tabisd (23.85/32kbps-Abis) = 276/2 dibits of 125µs = 17.25ms

· Tabisd (19.85/32kbps-Abis) = 300/2 dibits of 125µs = 18.75ms

Filter delay (Tfilter)

This duration is checked by looking into the speech encoder software. In the WB-AMR encoder, several filtering operations are performed:

· at the encoder:

· down-sampling to 12.8kHz;  Hdecim(z)

· high-pass filtering; Hh1(z) 
· Pre-emphasizing; Hh2(z) 

· at the decoder

· high-pass filtering; Hh1(z) 

· De- emphasizing; Hde_emph(z)

· Up-sampling to 16kHz; Hdecim(z)

Only the down and up sampling operations are considered as additional delay. At the encoder, Hdecim(z)

shows 12 (12,8kHz) samples delay that are included in the look-ahead. Therefore, down sampling does not bring additional delay. At the decoder, the up sampling operation shows 12 (12,8kHz) samples delay.

· Tfilter = 12*1/12800 = 0.9375 ms.

3 Conclusions

WB-AMR mode
Tsample(WB)
Trftx(WB)
Drt1(WB)
Requirement: Drt1(ref)
comment

All
25 ms
37.5 ms
125 ms
125 ms
same value as claimed by the candidate in [6]

WB-AMR mode
TAbisu(WB)
TAbisd(WB)
Drt2(WB)
Requirement: Drt2 (ref)+ 5 ms
comment

14.25 kbps 
7.25 ms
18.375 ms
25.625 ms
29.25 ms
same value as claimed by the candidate in [6]

AMR-WB mode
Drt1 (WB)
Drt2 (WB)
Tfilter(WB)
Dround-trip(WB)
Requirement: 

Drt1 (ref) + Drt2 (ref) + 6.5 ms
comment

Nokia AMR-WB 14.25 mode 
125 ms
25.625 ms
0.9375 ms
152.5 ms
155.75 ms
same value as claimed by the candidate in [6]

The selected Wideband AMR candidate fulfills the delay requirements as stated in the design constraints document [5]. 
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