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1. Introduction

This report describes the physical layer multiplexing of optimized voice and data on the same physical sub-channel. The description is divided intro two main parts: transmitter behavior and receiver implementation. The reason for this is that the transmitter behavior should be standardized, but the receiver implementation is up to each vendor. However, some implementation guidelines for the receiver is appropriate in the specifications to clarify how the multiplexing concept is supposed to work. The baseline of this document is based on the agreement shown in [5]. Other information sources are references [6] to [13].

2. Requirements

When designing the physical layer multiplexing solution some requirements are:

· Speech quality should not be degraded

· Keep existing channel coding

· Maintain reasonable receiver complexity

· Possibility to transmit high priority user data, e.g. SIP signaling.

To support physical layer multiplexing the following formats has to be differentiated by the receiver:

· FACCH

· PACCH

· MCS 1-4

· MCS 5-6

· MCS 7-9

· Speech

Some of the formats are differentiated by modulation, e.g. MCS 1-4 and MCS 5-9. Depending on the modulation for the speech and FACCH different solutions apply which are described under Sections 4, 5, 6  and 7.

3. Overview of concept

The basic solution to enable physical layer multiplexing of optimized speech and data is to make use of the already specified AMR identification marker. The markers are used to indicate starts and ends of talk spurts so that the receiver can be aware of whether speech may arrive or not. This approach makes it possible to preserve speech performance without having to define new longer stealing bit codewords.

In AMR there are currently four different markers defined as shown in Table 1. In addition there is one new maker defined for the multiplexing concept to handle transmission of high priority user data, i.e. speech stealing, which is called FORCE_SILENCE. 

Table 1: AMR Identification markers.

Marker
Function

ONSET
Indicates start of talk-spurt and the used codec mode. Consists of four different ONSET markers for the two mode indication bits.

SID_FIRST
Indicates end of talk-spurt and start of comfort noise generation.

SID_UPDATE
Indicates presence of comfort noise update block during DTX.

RATCCH
Indicates presence of the AMR inband signaling frame, RATCCH.

FORCE_SILENCE

(New Marker)
Indicates start of a forced silence period of which no comfort noise generation is performed.

3.1. Transmitter States

The transmitter operates in three basic states:

· SPEECH during which speech, FACCH or RATSCCH may be transmitted.

· SILENCE during which low priority data (i.e., PDTCH), PACCH, SID_UPDATE or RATSCCH may be transmitted. SID_UPDATE and RATSCCH are indicated through AMR identification markers.

· FORCE_SILENCE
 during which high priority data (PDTCH) or PACCH may be transmitted. No transmission of SID_UPDATES or RATSCCH occurs in this state.1 

3.2. State Transitions

Transitions between different states are indicated using physical layer markers based on AMR DTX procedures.

· A transition from SILENCE or FORCE_SILENCE to SPEECH is indicated using the ONSET markers.

· A transition from SPEECH to SILENCE is indicated using SID_FIRST or SID_UPDATE.

· A transition from SPEECH to FORCE_SILENCE is indicated using the FORCE_SILENCE marker.

3.3. Interleaving

During the SPEECH state the transmitter interleave speech, FACCH and RATCCH diagonal as defined for corresponding TCH. The stealing bits are also as defined, i.e. the stealing bit codeword are diagonal interleaved with the speech/FACCH frames. 

When in the SILENCE or FORCE_SILENCE state the transmitter uses block interleaving as defined for PDTCH. The stealing bits are then also block interleaved. 

3.4. Receiver

The receiver behavior needs not to be standardized; however it may be necessary to specify some minimum performance requirements.

The receiver can utilize several mechanisms to differentiate between all the possible transmission formats on the channel:

· Blind Detection

· AMR Identification Markers

· Stealing bits

· Other known fields, e.g. USF in DL

· CRC Check

More detailed description of receiver implementation can be found in Section 8.

4. FR GMSK Speech

This section presents a detailed solution for the FR GMSK speech channel. Note that the data (MCS:s) can use both GMSK and 8-PSK modulation.

Some observations for GMSK FR Speech can be made:

· The granularity of speech, FACCH, SID_UPDATE and data/PACCH blocks is the same (20 ms).

· Eight diagonal interleaved stealing bits are used per speech frame.

· Eight block interleaved stealing bits are used per EGPRS block.

· ONSET, SID_FIRST and FORCE_SILENCE are mapped onto four half bursts with a total length of 228 bits (including inband signaling bits when applicable).

Figure 1 shows an example of multiplexing data and speech onto one full-rate channel. The talk-spurt starts with a ONSET marker. A FACCH is transmitted diagonally, and is indicated by the stealing bits. At the end of a talk-spurt a SID_FIRST marker is transmitted. Between the talk-spurts it is possible to transmit block interleaved EGPRS blocks.
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Figure 1: Speech frames (numbered), FACCH/F and EGPRS block on a full rate channel. The thick lines illustrate how the stealing bits are read (diagonal or block).

4.1. Stealing Bits

The stealing bits for FR GMSK are shown in Table 2. During the SPEECH state the transmitter sends either speech or FACCH, and these two formats are indicated by eight diagonal interleaved stealing bits. These two stealing bit codewords are called “diagonal interleaved stealing bit codeword x” (DSBx). During SILENCE and FORCE_SILENCE state the transmitter sends either PACCH or MCS 1-4 on GMSK. These formats are indicated by eight block interleaved stealing bits, called “block interleaved stealing bit codeword x” (BSBx). For reference the BSB0 codeword is also shown in this table. This codeword is not transmitted in the SILENCE/FORCE_SILENCE state. Instead this is the codeword that the receiver will see if it decodes block interleaved stealing bits and the transmitter is sending speech frames.

Table 2: GMSK FR stealing bits in the different states.

SPEECH
SILENCE/FORCE_SILENCE

Description
Name
Codeword
Description
Name
Codeword
Dmin

Speech
DSB0
00000000
Speech
BSB0

0000

0000
3

FACCH
DSB1
11111111
PACCH
BSB1
1111

1111
5




MCS 1-4
BSB2
0001

0110
3

4.2. Performance

The design target for the detection of different transport formats should be the AMR 4.75 kbps vocoder. On a TU3iFH channel and a carrier frequency of 900 MHz the TCH/AFS4.75 reaches 1% FER at approximately 2.5 dB C/I. 

As can be seen in Figure 2 there is a trade off between the missed AMR marker performance and false detection. When minimizing both, the missed and false detection rate are both below 0.2% at 2.5 dB C/I. Assuming two talk-spurts per second (which is probably quite pessimistic), there is approximately 15 missed ONSET per hour.

Figure 3 shows the stealing bit performance in the SILENCE/FORCE_SILENCE state. It can be seen that the missed error rate of the speech stealing bit codeword, BSB0, is about 3% at 2.5 dB. The total probability for a stated based receiver of not entering the SPEECH state at the second speech frame is then 6*10-5.

Figure 4 shows the stealing bit performance in the SPEECH state. It is the same as for a TCH today, and is only shown for information.

The conclusion is that the performance of the stealing bits and AMR markers are sufficient when multiplexing FR GMSK speech and data. 

[image: image1.wmf]
Figure 2: FR Missed and false detection performance for TU3iFH 900 MHz. 

[image: image2.wmf]
Figure 3: BLER for GMSK stealing bits for Typical Urban 3 km/h channel with ideal frequency hopping. BLER for MCS-1 is shown as a reference.

[image: image3.wmf]
Figure 4: Stealing bit performance for FR GMSK. The AMR 4.75 and FACCH/F are included for reference.

5. HR 8-PSK Speech

This section presents a detailed solution for the HR 8-PSK speech channel. Note that the data (MCS:s) can use both GMSK and 8-PSK modulation.

Some observations for 8-PSK HR Speech can be made:

· The granularity of speech (20ms) is different from FACCH, SID_UPDATE and data/PACCH (40ms).

· 12 diagonal interleaved stealing bits are used per speech frame.

· Eight block interleaved stealing bits are used per data block 

· ONSET marker are mapped onto two half bursts with a total length of 342 bits.

· SID_FIRST consists of  two parts, SID_FIRST_P1 and SID_FIRST_P2 with a total size of six half bursts, 1026 bits.

· FORCE_SILENCE are mapped onto six half bursts with a total length of 1026 bits (as SID_FIRST). 

· SID_UPDATE block is mapped onto four full bursts (40ms). 

· The 8-PSK markers are not yet defined. Definition of the used 8-PSK markers in this report is presented in Annex B.

Figure 5 shows an example of a half-rate transmission, where an ONSET is transmitted during the start of a talk spurt. Note that the ONSET is half as long compared to the FR case. The identification markers SID_FIRST_P1 and SID_FIRST_P2 are used to indicate end of a talk spurt. After the end of the talk spurt EGPRS block can be transmitted block interleaved. The SID_UPDATE blocks are transmitted the first time on the third frame after the SID_FIRST marker, and then every 8th frame.
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Figure 5: Speech frames (numbered), FACCH/HU and EGPRS block on a half rate channel. The EGPRS block could either be MCS 1-9 or PACCH. Note that only the coincident stealing bits of speech and EGPRS blocks are shown here. The speech has more than four bits per speech frame.

Since some of the information in HR speech has a 40 ms length, e.g. SID_UPDATE, and the speech itself has a granularity of 20 ms some special fields have been defined. One such field is the SID_UPDATE_INH which is used to inhibit a SID_UPDATE in case there is speech frames starting where the second two burst of SID_UPDATE were to be transmitted. This example is shown in Figure 6.
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Figure 6: HR speech example when SID_UPDATE_INH is used.

5.1. Stealing Bits

The stealing bits for HR 8-PSK are shown in Table 3. During the SPEECH state the transmitter sends either speech or FACCH, and these two formats are indicated by twelve diagonal interleaved stealing bits. These two stealing bit codewords are called “diagonal interleaved stealing bit codeword x” (DSBx). During SILENCE and FORCE_SILENCE state the transmitter sends either MCS 5-6 or MCS 7-9 on 8-PSK. These formats are indicated by eight block interleaved stealing bits, called “block interleaved stealing bit codeword x” (BSBx). For reference the BSB0 codeword is also shown in this table. This codeword is not transmitted in the SILENCE/FORCE_SILENCE state. Instead this is the codeword that the receiver will see if it decodes block interleaved stealing bits and the transmitter is sending speech frames.

Note that the MCS 5-6 stealing bit codeword in the table below have been changed compared to current specifications. The reason for that it that the currently defined stealing bit codeword for MCS 5-6 is the all zero codeword. With the physical layer multiplexing solution this codeword is reserved for speech. 

Table 3: 8-PSK HR stealing bits in the different states.

SPEECH
NO SPEECH

Description
Name
Codeword
Description
Name
Codeword

Dmin

Speech
DSB0
000000000000
Speech
BSB0

0000

0000
5

FACCH
DSB1
111111111111
MCS 5-6

BSB1
0011

0111
5




MCS 7-9
BSB2
1101

1011
5




Reserved

1110

1100
5

5.2. Performance

The design target for the detection of different transport formats should be the AMR 4.75 kbps vocoder. On a TU3iFH channel and a carrier frequency of 900 MHz the O-TCH/AHS4.75 reaches 1% FER at approximately 8.0 dB C/I. 

As can be seen in Figure 7, Figure 8 and Figure 9 the performance at the AMR operating point (8 dB) is in the same range for HR 8-PSK and FR GMSK (at 2.5 dB). The conclusion is therefore the same as in Section 4.2, that the performance is sufficient for the physical layer multiplexing.

[image: image4.wmf]
Figure 7: HR Missed and false detection performance for TU3iFH 900 MHz. 

[image: image5.wmf]
Figure 8: BLER for 8-PSK stealing bits. Typical Urban 3 km/h with ideal frequency hopping is used. BLER for MCS-5 is shown as a reference.

[image: image6.wmf]
Figure 9: Stealing bit performance for HR 8-PSK. The AMR 4.75 and FACCH/F are included for reference.

6. HR GMSK Speech

This section presents a detailed solution for the HR GMSK speech channel. Note that the data (MCS:s) can use both GMSK and 8-PSK modulation.

Some observations for GMSK HR Speech can be made:

· The granularity of speech (20ms) is different from FACCH, SID_UPDATE and data/PACCH (40ms).

· Four diagonal interleaved stealing bits are used per speech frame.

· Eight block interleaved stealing bits are used per data block 

· ONSET marker are mapped onto two half bursts with a total length of 114 bits.

· SID_FIRST consists of two parts, SID_FIRST_P1 and SID_FIRST_P2 with a total size of six half bursts, 342 bits.

· FORCE_SILENCE are mapped onto six half bursts with a total length of 342 bits (as SID_FIRST). The marker pattern is FFS.

· SID_UPDATE block is mapped onto four full bursts (40ms).

The multiplexing principles are the same as for HR 8-PSK, shown in Figure 5 and Figure 6.

6.1. Stealing Bits

The stealing bits for HR GMSK are shown in Table 4. They are basically the same as for FR GMSK (shown in Table 2). The only difference is that there is only four diagonal stealing bits per speech frame. 

Table 4: GMSK HR stealing bits in the different states.

SPEECH
SILENCE/FORCE_SILENCE

Description
Name
Codeword
Description
Name
Codeword
Dmin

Speech
DSB0
0000
Speech
BSB0

0000

0000
3

FACCH
DSB1
1111
PACCH
BSB1
1111

1111
5




MCS 1-4
BSB2
0001

0110
3

6.2. Performance

The design target for the detection of different transport formats should be the AMR 4.75 kbps vocoder. On a TU3iFH channel and a carrier frequency of 900 MHz the TCH/AHS4.75 vocoder reaches 1% FER at approximately 7.4 dB C/I.

The AMR marker performance is approximately the same at the AMR 4.75 operating point as for FR GMSK (see Section 4.2). The performance is therefore believed to be sufficient.

[image: image7.wmf]
Figure 10: HR Missed and false detection performance for TU3iFH 900 MHz. 

7. FR 8-PSK Speech

This section presents a detailed solution for the FR 8-PSK speech channel. Note that the data (MCS:s) can use both GMSK and 8-PSK modulation.

Some observations for 8-PSK FR Speech can be made:

· The granularity of speech, FACCH, SID_UPDATE and data/PACCH blocks is the same (20 ms).

· 24 diagonal interleaved stealing bits are used per speech frame.

· Eight block interleaved stealing bits are used per EGPRS block.

· ONSET, SID_FIRST and FORCE_SILENCE are mapped onto four half bursts with a total length of 684 bits. Definition of the used 8-PSK markers in this report is presented in Annex B.

The multiplexing principles are the same as for FR GMSK speech, as shown in Figure 1. 

7.1. Stealing Bits

The FR 8-PSK stealing bits are shown in Table 5 and are basically the same as for HR 8-PSK presented in Table 3. The only difference is that 24 stealing bits are available per speech and FACCH frame. 

Table 5: 8-PSK FR stealing bits in the different states.

SPEECH
NO SPEECH

Description
Name
Codeword
Description
Name
Codeword

Dmin

Speech
DSB0
000000000000000000000000
Speech
BSB0

0000

0000
5

FACCH
DSB1
111111111111111111111111
MCS 5-6

BSB1
0011

0111
5




MCS 7-9
BSB2
1101

1011
5




Reserved

1110

1100
5

7.2. Performance

The design target for the detection of different transport formats should be the wideband AMR 6.60 kbps vocoder. On a TU3iFH channel and a carrier frequency of 900 MHz the O-TCH/WHS6.60 reaches 1% FER at approximately [TBD] dB C/I. Figure 11 shows the ONSET performance for FR 8-PSK speech at 2.5 dB C/I. The performance is in the same range as for the other speech cases and it is unlikely that the WB-AMR 6.60 vocoder will operate below 2.5 dB. The performance is therefore believed to be sufficient in this case as well.

[image: image8.wmf]
Figure 11: FR Missed and false detection performance for TU3iFH 900 MHz. 

8. Receiver Implementation examples

This section presents examples of receiver implementations and describes some error scenarios. The actual implementation would not be standardized, however some performance requirements may be needed in order to guarantee proper operation of the multiplexing. 

8.1. State Diagram

One option for the receiver is to interpret the stealing bits differently depending on if a talk-spurt is ongoing or not, this requires that layer 1 is state dependent having similar states as the AMR Rx DTX handler. The state operation of the receiver enables good performance of the physical layer multiplexing for all AMR rates. 

The receiver continuously searches for the different AMR markers and the FORCE_SILENCE marker to detect state transitions. Depending on the receiver’s current state, stealing bits are interpreted differently. It is also possible to have several error recovery mechanisms to handle missed markers that are described later in Section 8. 

The receiver physical layer states are shown in Figure 12. The normal transition from a talk-spurt to SILENCE is the SID_FIRST identification marker. The next talk-spurt starts with an ONSET identification marker that brings the receiver into a SPEECH POSSIBLE state where comfort noise generation is continued. The SPEECH state is only entered if a successful decoding of a speech frame is done, at which point the comfort noise generation is turned off.
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Figure 12: The five states of the physical layer.

Table 1: Summary of the physical layer states

State
Interleaving
Comfort noise gen.
Main function

SPEECH
Diagonal
No
Speech or FACCH is transmitted

NO SPEECH
Block
Yes
Best effort data is transmitted

SPEECH POSSIBLE
Diagonal
Yes
FACCH during silence is transmitted. Speech is checked for CRC before entering SPEECH state.

FORCED SILENCE
Block
No
High priority data steals speech.

FORCED SPEECH POSSIBLE
Diagonal
No
FACCH during forced silence is transmitted. Speech is checked for CRC before entering SPEECH state

8.2. Missed SID_FIRST

If the Tx side enters SILENCE state by sending a SID_FIRST marker and the Rx side do not detect this marker due to a very bad channel the receiver will be in an incorrect state. If there is best effort data to transmit the receiver will continue to decode the received data as speech or FACCH depending on the stealing bits, which will result in a bad CRC for all speech/FACCH frames. The speech decoder will then mute the received speech.

The next chance for the receiver to move into correct state is the SID_UPDATE frame, which occurs first time after tree frames (60 ms) and then every eight frame (every 160 ms).  

This state error will have a speech impact since it is annoying to have speech muting for a longer time period. Note however that there is no difference from the existing AMR procedures. The speech quality due to the missed SID_FIRST is therefore not degraded by introduction of physical layer multiplexing. The likelihood of not detecting a SID_FIRST must be considered as very low.
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Figure 13: Missed SID_FIRST example for FR.


0
2
4
6
8
10
12
Frame number

TCH/F
SID_P1
SID_P2
EGPRS Block


SID_UPDATE


5
5
SID_P1

















Steal
0
0
0
0
0
0
1
1
0
0
0
0

bits
0
0
0
0
0
1
1
1
0
0
0
0



40 ms


40 ms


40 ms
















Figure 14: Missed SID_FIRST example for HR.

The AMR adaptation is based on C/I estimates. The C/I estimation is not standardized, but 05.09 [3] suggest a solution based on the channel estimates in the equalizer. The channel estimates will be the same regardless of which state the receiver is in. Therefore a number of speech frames with bad CRC will not lead to a change in AMR rate.

8.3. Missed FORCE_SILENCE

The effect of a missed FORCE_SILENCE marker is similar to that of SID_FIRST as described in Section 8.2. The difference compared to SID_FIRST is the error recovery since during the FORCED SILENCE state there is no SID_UPDATE blocks transmitted that would lead the receiver into correct state. 

One possible solution to improve error recovery of missed FORCE_SILENCE could be to utilize the fact that decoding of a missed FORCE_SILENCE will lead to a CRC error in the speech frame. After a speech frame CRC failure, the receiver looks for the data/PACCH stealing bits and/or marker on the next Radio Block. If the stealing bits and/or marker indicate data or PACCH, then the receiver assumes block interleaved data/PACCH and performs decoding. If decoding is successful the receiver enter SILENCE or FORCE_SILENCE state. If a header or data decoding error occurs, then the receiver reverts to the SPEECH state. Note that this extension is not shown in Figure 12.
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Figure 15: Missed FORCE_SILENCE example for FR when FORCE_SILENCE is actually missed.

Figure 16 shows an example when there is a CRC error in the speech frame (No. 5) and the FORCE_SILENCE recovery mechanism is used. The CRC error leads to that during the next 20 ms period the stealing bits are interpreted as in SILENCE/FORCED_SILENCE state, i.e. block interleaved. If the BSB0 codeword is detected the receiver decode speech frame No. 6. However, BSB0 have an error rate of 3% on a FR channel at 2.5 dB, so 3% of the two speech frames following a CRC error will be lost since the receiver then tries to decode some of the EGPRS formats.

For HR, shown in Figure 17, a misinterpretation of the block interleaved stealing bits after a speech CRC error lead to three lost speech frames. Due to real-time requirements, a correct interpretation of the 40 ms stealing bit codeword would lead to that speech frame #2 is lost. One possible solution is to look at half of the block interleaved codeword (20 ms) to see whether it is speech or data present. The stealing bit codeword for MCS 1-4 may however have to be redefined in that case.


0
1
2
3
4
5
6
Frame number

TCH/F
6
6
6
6
7
7
7
7
8
8
8
8
9
9
9
9


5
5
5
5
6
6
6
6
7
7
7
7
8
8
8
8



















Steal
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0

bits
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0



20 ms


20 ms


20 ms


20 ms




















Figure 16: Missed FORCE_SILENCE example for FR when there is a CRC error in the speech frame.
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Figure 17: Missed FORCE_SILENCE example for HR when there is a CRC error in the speech frame.

Note that if a FACCH is present after a lost speech frame the error recovery performance could be reduced. Normally the probability for a FACCH is fairly small, however during handover it is typically so that there is a high amount of CRC errors on the speech and a high probability of FACCH on the channel. Whether this is a problem or not should be investigated before implementation of this specific error recovery mechanism.

The amount of lost speech frames due to FORCE_SILENCE error recovery could be reduced by utilizing more fields than the eight stealing bits:

· In the DL, the USF should be preset to a known value in the EGPRS blocks so that the receiver can utilize these extra bits for detection of EGPRS blocks.

· In the UL, a possible solution is to preset some unused bits in the EGPRS header to create a known pattern for layer 1 so that detection can be improved. This is FFS.

· Decoding and CRC check of the MCS 1-9 header could be used to improve detection. If the CRC is correct the rest of the block is decoded. If the header CRC is incorrect the receiver could decode the data as speech. This increases complexity, but since it is not a complete EGPRS block that needs to be decoded the increase is reasonable.

8.4. Missed ONSET

The stealing bit combination BSB0 (Block Interleaved Stealing bit codeword 0) as defined in Table 2 and Table 3 is actually not a codeword that is transmitted. BSB0 is the block interleaved codeword (all zeros) that appears if the diagonal stealing bits from two consecutive speech frames are transmitted. This enables the receiver to recover from a lost ONSET, since one allowed path in Figure 12 is from SILENCE to SPEECH POSSIBLE by the BSB0 (also true from FORCED_SILENCE to FORCED SPEECH POSSIBLE state). 

The price for a lost ONSET is that the front end clipping in the beginning of a talk-spurt may increase compared to normal AMR operation. 

If, for a full-rate channel shown in Figure 18, the 20 ms period containing ONSET is lost, the 1st speech frame will most probably be lost. If the subsequent 20 ms period has better quality the receiver, still in SILENCE (or FORCED_SILENCE) state, will block decode the stealing bits and probably decide that it is the codeword BSB0. This will lead the receiver into the SPEECH POSSIBLE (or FORCED_SPEECH_POSSIBLE) state, where the 2nd speech frame will be decoded. If the decoding is successful the receiver sends the speech frame to the speech decoder, and enters the SPEECH state. 

As shown in Figure 2 the missed ONSET rate is approximately 0.2% at 2.5 dB C/I. The missed BSB0 rate is below 3% at 2.5 dB as shown in Figure 3. The total probability to have front-end clipping longer than 40 ms due to the multiplexing  (for FR GMSK speech) is then approximately 6*10-5. 

For a half-rate channel a lost ONSET could lead to that at least two lost speech frames, compared to one for full rate, as shown in Figure 19.
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Figure 18: Missed ONSET example for FR.
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Figure 19: Missed ONSET example for HR.

A talk-spurt have a granularity of 20 ms while the EGPRS blocks have 40 ms. A talk-spurt can therefore start in the middle of a EGPRS block, however, since the ONSET detection operates at a 20 ms granularity the start will be detected. 

8.5. False detection of markers

T.B.D

8.6. Stateless Operation

T.B.D
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Annex A AMR Operation

This section describes the procedures used by the AMR Rx DTX handler already standardized in release 1998. Note that layer 1 is state less for the basic AMR concept.

The states for the Rx DTX handler are shown in Figure 20. 
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Figure 20: AMR Rx DTX handler states

The RX_TYPE identifiers as shown in chapter 6.1 in 06.93 [2] are shown in Table 6. The receiver uses a combination of identification markers, stealing bits, decoding and CRC check to classify the received data with the labels shown in the table before sending it to the RX DTX handler which among other things generate the comfort noise. The basic operation for each frame is:

1. The receiver searches for the RATSCCH, SID_UPDATE, SID_FIRST and ONSET identification markers. If any one of these is found, a suitable RX_TYPE legend is added.

2. If none of the above is found the data is assumed to be speech and is decoded accordingly. Different legends are added to the frame depending on the quality of the decoded speech frame.

Table 6: RX_TYPE identifiers from 06.93

RX_TYPE Legend
Description

SPEECH_GOOD
Speech frame with CRC OK. Channel decoder soft values also OK.

SPEECH_DEGRADED
Speech frame with CRC OK, but 1B bits and class2 bits may be corrupted.

SPEECH_BAD
(likely) speech frame, bad CRC (or very bad channel decoder measures)

SID_FIRST
First SID marks the beginning of a comfort noise period.

SID_UPDATE
SID update frame (with correct CRC)

SID_BAD
Corrupt SID update frame (bad CRC; applicable only for SID_UPDATE frames)

ONSET
ONSET frames precede the first speech frame of a speech burst.

NO_DATA
Nothing useable (for the speech decoder) was received. This applies for the cases of no received frames (DTX) or received FACCH, RATSCCH or SID_FILLER signaling frames.

Annex B 8-PSK AMR Markers

This section presents the AMR markers for 8-PSK that has been used in this report. There is currently no markers defined for 8-PSK AMR, but the same construction as for GMSK has been used when deriving the 8-PSK versions.

The AMR inband signaling bits used are the same as for TCH/AFS and TCH/AHS. Note that these inband signaling bits are not necessarily the same as will be used for the 8-PSK AMR channels. The WB-AMR proposal [14] define 24 inband data bits for FR 8-PSK compared to 8 for FR GMSK. The narrowband 8-PSK markers should be the same as for wideband 8-PSK.

The marker FORCE_SILENCE is not yet defined, and have not been used in the performance evaluation in this document.

The same length of all markers has been used when performing correlation in the receiver. For FR 8-PSK the last 636 bits of the ONSET marker have been used and compared to the 636 bits long SID_FIRST and SID_UPDATE markers. For HR 8-PSK the length used for correlation is 318 bits.
B.1 Adaptive multi rate speech channel at full rate (O-TCH/AFS)

This section describes the coding for the different frame formats used for O-TCH/AFS. The formats used are (in the order they are described):

SID_UPDATE

Used to convey comfort noise parameters during DTX

SID_FIRST

Marker to define end of speech, start of DTX

ONSET


Used to signal the Codec mode for the first speech frame after DTX

SPEECH


Speech frames

RATSCCH

Frames used to convey RATSCCH messages

FORCE_SILENCE

Used to define end of speech, start of a forced silence period when transmitting high priority data.

Common to all the formats is that in-band information is conveyed, the coding for the in-band channel is described in the table below. 

Identifier

(defined in GSM 05.09 [7])
Received in-band data

id(1), id(0)
Encoded in-band data for SID and RATSCCH frames

ic(15),.., ic(0)
Encoded in-band data for speech frames

ic(7),.., ic(0)

CODEC_MODE_1
00
0101001100001111
00000000

CODEC_MODE_2
01
0011111010111000
10111010

CODEC_MODE_3
10
1000100001100011
01011101

CODEC_MODE_4
11
1110010111010100
11100111

B.1.1  SID_UPDATE

The coding of the comfort noise parameters and the inband signaling bits are FFS. 

A 636 bit identification field and 48 inband signaling bits are added thereby giving a total size of 684 bits. These 684 bits are then interleaved symbol by symbol similar to GMSK SACCH frames so that the identification filed and inband signaling bits are placed on the odd symbols. The coded comfort noise parameters would be placed on the even symbols.

B.1.1.1 Coding of in-band data

Random inband data bits are used at this point. The 48 random inband data bits ic1(0..47) are moved to the coded data (c) as:


c(24*k+12) 
= ic1(12*k)
c(24*k+13) 
= ic1(12*k+1)
c(24*k+14) 
= ic1(12*k+2)
c(24*k+15) 
= ic1(12*k+3) 
c(24*k+16) 
= ic1(12*k+4)
c(24*k+17) 
= ic1(12*k+5)
c(24*k+18) 
= ic1(12*k+6) 
c(24*k+19) 
= ic1(12*k+7)
c(24*k+20) 
= ic1(12*k+8)
c(24*k+21) 
= ic1(12*k+9) 
c(24*k+22) 
= ic1(12*k+10)
c(24*k+23) 
= ic1(12*k+11), 

for k = 0, 1, ..., 3

B.1.1.2 Parity and convolutional encoding for the comfort noise parameters

FFS

B.1.1.3 Identification marker

The identification marker, IM(0..635), is constructed by repeating the following 9-bit sequence: { 0, 1, 0, 0, 1, 1, 1, 1, 0 } 71 times and then discarding the last 3 bits. This block of data is moved to the coded data (c) as:


c(24*k+108) 
= IM(12*k)
c(24*k+109) 
= IM(12*k+1)
c(24*k+110) 
= IM(12*k+2)
c(24*k+111) 
= IM(12*k+3) 
c(24*k+112) 
= IM(12*k+4)
c(24*k+113) 
= IM(12*k+5)
c(24*k+114) 
= IM(12*k+6) 
c(24*k+115) 
= IM(12*k+7)
c(24*k+116) 
= IM(12*k+8)
c(24*k+117) 
= IM(12*k+9) 
c(24*k+118) 
= IM(12*k+10)
c(24*k+119) 
= IM(12*k+11), 

for k = 0, 1, ..., 52

B.1.1.4 Interleaving

Before interleaving the coded bits {c(0),c(1),…,c(1367)} are converted into 3-bit symbols {Cs(0),Cs(1),…,Cs(455)} according to Table 1 in GSM 05.04, the symbol Cs(k) depends on c(3k+2), c(3k+1), and c(3k) for k=0,1,…,455. The symbols are interleaved according to what is specified for bits for the SACCH. The difference is that the interleaving is done on symbols (3 bits) instead of single bits according to the following rule:


I(B,j) = Cs(n,k),
for k = 0,1,…,455


n = 0,1,…,N,N+1,…


B = B0 + 4n + (k mod 4)


j = 2((49k) mod 57) + ((k mod 8) div 4)
B.1.1.5 Mapping on a Burst

The interleaving is done as specified for the SACCH in 05.03.

B.1.2  SID_FIRST

This frame type contains no source data from the speech coder, what is transmitted is the in-band channel (signaling Mode Indication or Mode Command/Mode Request depending on the current frame number) and an identification marker. 

B.1.2.1 Coding of in-band data

The in-band data, id(0,1), is encoded to ic(0..47) which is moved to the coded data c as:


c(24*k) 
= ic(12*k)
c(24*k+1) 
= ic(12*k+1)
c(24*k+2) 
= ic(12*k+2)
c(24*k+3) 
= ic(12*k+3) 
c(24*k+4) 
= ic(12*k+4)
c(24*k+5) 
= ic(12*k+5)
c(24*k+6) 
= ic(12*k+6) 
c(24*k+7) 
= ic(12*k+7)
c(24*k+8) 
= ic(12*k+8)
c(24*k+9) 
= ic(12*k+9) 
c(24*k+10) 
= ic(12*k+10)
c(24*k+11) 
= ic(12*k+11), 

for k = 0, 1, ..., 3

B.1.2.2 Identification marker

The identification marker, IM(0..635), is constructed by repeating the following 9-bit sequence: { 0, 1, 0, 0, 1, 1, 1, 1, 0 } 71 times and then discarding the last 3 bits. This block of data is moved to the coded data (c) as:


c(24*k+96) 
= IM(12*k)
c(24*k+97) 
= IM(12*k+1)
c(24*k+98) 
= IM(12*k+2)
c(24*k+99) 
= IM(12*k+3) 
c(24*k+100) 
= IM(12*k+4)
c(24*k+101) 
= IM(12*k+5)
c(24*k+102) 
= IM(12*k+6) 
c(24*k+103) 
= IM(12*k+7)
c(24*k+104) 
= IM(12*k+8)
c(24*k+105) 
= IM(12*k+9) 
c(24*k+106) 
= IM(12*k+10)
c(24*k+107) 
= IM(12*k+11), 

for k = 0, 1, ..., 52

B.1.2.3 Interleaving

Before interleaving the coded bits {c(0),c(1),…,c(1367)} are converted into 3-bit symbols {Cs(0),Cs(1),…,Cs(455)} according to Table 1 in GSM 05.04, the symbol Cs(k) depends on c(3k+2), c(3k+1), and c(3k) for k=0,1,…,455. The symbols are interleaved according to what is specified for bits for the TCH/FS in 05.03. The difference is that the interleaving is done on symbols (3 bits) instead of single bits according to the following rule:


I(B,j) = Cs(n,k),
for k = 0,1,…,455


n = 0,1,…,N,N+1,…


B = B0 + 4n + (k mod 8)


j = 2((49k) mod 57) + ((k mod 8) div 4)

B.1.2.4 Mapping on a Burst

The mapping is done as specified for the TCH/FS in 05.03. The last 4 bursts shall not be transmitted unless the SID_FIRST frame is immediately followed by a speech frame.

B.1.3  ONSET
Onset frames are used to preset the interleaver buffer after a period of no speech activity in DTX mode. This frame type contains no source data from the speech coder, what is transmitted is the in-band channel signaling the Mode Indication for the speech frame following the onset marker.
B.1.3.1 Coding of in-band data

The in-band data, Mode Indication id1(0,1),  is encoded to ic1(0..15). This sequence is then repeated 43 times more, and the last 4 bits are discarded (43*16-4=684) giving the sequence ic1(0..683). 

This sequence is then moved to c as:


c(24*k+12) 
= ic1(12*k)
c(24*k+13) 
= ic1(12*k+1)
c(24*k+14) 
= ic1(12*k+2)
c(24*k+15) 
= ic1(12*k+3) 
c(24*k+16) 
= ic1(12*k+4)
c(24*k+17) 
= ic1(12*k+5)
c(24*k+18) 
= ic1(12*k+6) 
c(24*k+19) 
= ic1(12*k+7)
c(24*k+20) 
= ic1(12*k+8)
c(24*k+21) 
= ic1(12*k+9) 
c(24*k+22) 
= ic1(12*k+10)
c(24*k+23) 
= ic1(12*k+11), 

for k = 0, 1, ..., 56

B.1.3.2 Interleaving

Before interleaving the coded bits {c(0),c(1),…,c(1367)} are converted into 3-bit symbols {Cs(0),Cs(1),…,Cs(455)} according to Table 1 in GSM 05.04, the symbol Cs(k) depends on c(3k+2), c(3k+1), and c(3k) for k=0,1,…,455. The symbols are interleaved according to what is specified for bits for the TCH/FS in 05.03. The difference is that the interleaving is done on symbols (3 bits) instead of single bits according to the following rule:


I(B,j) = Cs(n,k),
for k = 0,1,…,455


n = 0,1,…,N,N+1,…


B = B0 + 4n + (k mod 8) - 4


j = 2((49k) mod 57) + ((k mod 8) div 4)

The result of the interleaving is a distribution of the defined 684 bits of a given data block of size 456 symbols, n = N, over 4 bursts using the odd numbered symbols. The even numbered bits of these 4 blocks will be filled by the speech frame for which this frame is the ONSET.

B.1.3.3 Mapping on a Burst

The mapping is done as specified for the TCH/FS in 05.03.

B.1.4  RATSCCH

The RATSCCH message and identification marker has not been used at this point.

B.1.5  FORCE_SILENCE

The FORCE_SILENCE marker has not been used at this point.

B.2 Adaptive multi rate speech channel at half rate (O-TCH/AHS)

This section describes the coding for the different frame formats used for O-TCH/AHS. The formats used are (in the order they are described):

SID_UPDATE

Used to convey comfort noise parameters during DTX

SID_UPDATE_INH
Used to inhibit the second part of a SID_UPDATE frame if there is a speech onset

SID_FIRST_P1

First part of marker to define end of speech, start of DTX

SID_FIRST_P2

Second part of marker to define end of speech, start of DTX

SID_FIRST_INH

Used to inhibit the second part of a SID_FIRST_P1 frame if there is a speech onset

ONSET


Used to signal the Codec mode for the first speech frame after DTX

SPEECH


Speech frames

RATSCCH_MARKER
Marker to identify RATSCCH frames

RATSCCH_DATA

Frame that conveys the actual RATSCCH message

FORCE_SILENCE_P1
First part of marker that define end of speech, start of a forced silence period when transmitting high priority data.
FORCE_SILENCE_P2
Second part of marker to define end of speech, start of forced silence period.

Common to all the formats is that in-band information is conveyed, the coding for the in-band channel is described in the table below: 

Identifier

(defined in GSM 05.09 [7])
Received in-band data

id(1), id(0)
Encoded in-band data for SID and RATSCCH frames

ic(15),.., ic(0)
Encoded in-band data for speech frames ic(3),.., ic(0)

CODEC_MODE_1
00
0101001100001111
0000

CODEC_MODE_2
01
0011111010111000
1001

CODEC_MODE_3
10
1000100001100011
0111

CODEC_MODE_4
11
1110010111010100
1110

B.2.1  SID_UPDATE

The coding of the comfort noise parameters and the inband signaling bits are FFS. 

At this point the same length of the SID_UPDATE identification marker as the SID_FIRST_P2 marker have been used.

B.2.1.1 Coding of in-band data

As SID_FIRST_P2.

B.2.1.2 Identification marker

The identification marker, IM(0..317), is constructed by repeating the following 9-bit sequence: 
{ 1, 0, 1, 1, 0, 0, 0, 0, 1 } 36 times and then discarding the last 6 bits.

B.2.1.3 Interleaving

As ONSET.

B.2.1.4 Mapping on a Burst

As ONSET

B.2.2  SID_UPDATE_INH

Not used at this point. 

B.2.3  SID_FIRST_P1
This frame type contains no source data from the speech coder. What is generated is the in-band channel and an identification marker. The in-band data id(0,1) represents Mode Indication or Mode Command/Mode Request depending on the current frame number.

Note, in current simulations a shorter version of SID_FIRST_P1 has been used.

B.2.4  Coding of in-band data

The in-band data, id(0,1), is encoded to ic(0..23) which is moved to the coded data c as:


c(6*k) 

= ic(3*k)
c(6*k+1) 
= ic(3*k+1)
c(6*k+2) 
= ic(3*k+2)

for k = 0, 1, ..., 7

B.2.5  Identification marker

The identification marker, IM(0..317), is constructed by repeating the following 9-bit sequence: 
{ 0, 1, 0, 0, 1, 1, 1, 1, 0 } 36 times and then discarding the last 6 bits. This block of data is moved to the coded data (c) as:


c(6*k+48)
= IM(3*k)
c(6*k+49) 
= IM(3*k+1)
c(6*k+50) 
= IM(3*k+2)

for k = 0, 1, ..., 105

B.2.5.1 Interleaving

The interleaving is done as specified for the TCH/HS in 05.03 but operating on symbols. The results are 342 bits of SID_FIRST marker and inband bits mapped onto the even symbols on the first two bursts. The last two bursts are not transmitted.

B.2.5.2 Mapping on a Burst

The mapping is done as specified for the TCH/HS in 05.03.

B.2.6  SID_FIRST_P2
SID_FIRST_P2 is currently not used.

B.2.7  SID_FIRST_INH
SID_FIRST_INH is currently not used.

B.2.8  ONSET

Onset frames are used to preset the interleaver buffer after a period of no speech activity in DTX mode. This frame type contains no source data from the speech coder. What is transmitted is the in-band channel signaling the Mode Indication for the speech frame following the onset marker.

B.2.8.1 Coding of in-band data

The in-band data, Mode Indication id1(0,1),  will be encoded to ic1(0..15). This sequence is then repeated 22 times more, and the last 10 bits are discarded (22*16-10=342) giving the sequence ic1(0..341). 

This sequence is then moved to c as:


c(6*k+3)
= IM(3*k)
c(6*k+4) 
= IM(3*k+1)
c(6*k+5) 
= IM(3*k+2)

for k = 0, 1, ..., 113

B.2.8.2 Interleaving

The interleaving is done as specified for TCH/HS in 05.03 operating on symbols instead of bits. The result is an identification marker of 342 bits placed on the odd symbols over two bursts. The even symbols of the two bursts are filled by the speech frame for which this frame is ONSET.

B.2.8.3 Mapping on a Burst

The mapping is done as specified for the TCH/HS.

B.2.9  RATSCCH

The RATSCCH message and identification marker has not been used at this point.

B.2.10  FORCE_SILENCE_P1

The FORCE_SILENCE_P1 marker has not been used at this point.

B.2.11  FORCE_SILENCE_P2

The FORCE_SILENCE_P2 marker has not been used at this point.








































































































































� If the network needs to send FACCH during SILENCE or FORCE_SILENCE, then the network first sends an ONSET, thus causing a state transition to SPEECH as specified in 06.93. After the FACCH a SID_FIRST is transmitted.


� A more appropriate term may be MUTE.


� This stealing bit codeword is actually not transmitted, but the receiver may search for it and is therefore included in this list.


� 12 stealing bits are defined for speech, however only eight can be directly compared with the codewords of MCS 5 to 9.


� This stealing bit codeword is actually not transmitted, but the receiver may search for it and is therefore included in this list.


� This stealing bit codeword is redefined compared to existing R99 specification.


� This stealing bit codeword is actually not transmitted, but the receiver may search for it and is therefore included in this list.


� 24 stealing bits are defined for speech, however only eight can be directly compared with the codewords of MCS 5 to 9.


� This stealing bit codeword is actually not transmitted, but the receiver may search for it and is therefore included in this list.


� This stealing bit codeword is redefined compared to existing R99 specification.
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