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32	Testing of speech transcoding functions

The test sequences for speech transcoding and DTX tests, both for input and required output, are defined in GSM 06.10, section 5, and GSM 06.32, section 4 for the full rate speech codec. For the half rate speech codec the test sequences are defined in GSM 06.20, section 5 and GSM 06.42 section 7. They are available on floppy disks in IBM/AT MS-DOS format from ETSI publications department.

The Digital Audio Interface (DAI) is described in 36.4.

NOTE �seq note�11�:	For a definition of the term "traffic frame" used in this chapter, refer to GSM 06.32 and GSM 06.42.

32.1	Full Rate Downlink speech transcoding

32.1.1	Definition and applicability

Downlink speech transcoding transforms the 13 kbit/s net bit stream obtained by channel decoding the incoming bit stream from the air interface to 13 bit linear PCM.

The requirements and this test apply to all MS supporting TCH/FS.

32.1.2	Conformance requirement

The output bit stream from the seech transcoder shall be continuous and bit by bit exactly the same as the predefined output sequence (SEQ01.OUT, SEQ03.OUT, SEQ04.OUT and SEQ05.OUT).

	GSM 06.01, 2; GSM 06.10, 5.2/5.2.2



32.1.3	Test purpose

To verify that the speech transcoding of the MS can transform all predefined sequences (SEQ01.OUT, SEQ03.OUT, SEQ04.OUT and SEQ05.OUT) at 13 kbits/s level to 104 kbit/s (13 bit linear PCM at 8 kHz) level correctly.

32.1.4	Method of test

32.1.4.1	Initial conditions

DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

32.1.4.2	Procedure

a)	The SS resets the speech decoder of the MS via the DAI.



b)	The SS sends test sequence SEQ01.COD at 13 kbit/s to the MS via the air interface after passing it through the SS channel encoder.



NOTE �seq note�22�:	These test sequence files contain 16 bit words for all speech encoded parameters and are justified as described in GSM 06.10 table 5.1. 76 words are used as input in a period of 20 ms.

c)	The SS records the 104 kbit/s output bit stream from the MS on the digital audio interface.



d)	The test is repeated using the test sequences SEQ03.COD, SEQ04.COD and SEQ05.COD.



32.1.5	Test requirements

The bit stream output shall be continuous and bit by bit exactly the same as the sequence given in the files SEQ01.OUT, SEQ03.OUT, SEQ04.OUT and SEQ05.OUT.

NOTE �seq note�33�:	These files contain 16 bit words of 13 bit linear PCM left justified.

32.2	Full Rate Downlink receiver DTX functions

32.2.1	Definition and applicability

The DTX receiver functions consist of a SID frame detector, comfort noise generator functions and lost frame substitution and muting functions.

The requirements and this test apply to all MS supporting TCH/FS.

32.2.2	Conformance requirement

1)	The output level of the decoder has to be constant for an input signal consisting of identical speech frames.



	GSM 06.10



2/3)	When, after the first lost speech frame subsequent speech frames are lost, a muting technique shall be used that will gradually decrease the output level, resulting in the silencing of the output after a maximum of 320 ms. Speech frames with the FACCH flag set provoke a Bad Frame Indication (BFI = 1) and are hence regarded as lost speech frames.



	GSM 06.01, 6; GSM 06.11, 2.1/2.2/3 for requirement 2 (first part).



	GSM 06.01, 6; GSM 06.11, 2.1/2.2/3; GSM 06.31, 1.2.2/3.1.1 for requirement 3 (second part).



4/5)	A valid SID-frame followed by a sequence of lost speech frames shall result in comfort noise generation with constatnt block amplitude parameters. Speech frames with the FACCH flag set provoke a Bad Frame Indication (BFI = 1) and are hence regarded as lost speech frames.



	GSM 06.01, 3/5; GSM 06.12, 3/3.1;

	GSM 06.31, 1.2.2/3.1/3.1.1/3.1.2 for requirement 4 (first part).



	GSM 06.01, 3/5/6; GSM 06.11, 2.1/2.2; GSM 06.12, 3/3.1;

	GSM 06.31, 1.2.2/3.1/3.1.1/3.1.2 for requirement 5 (second part).



6/7)	An invalid SID-frame followed by a sequence of lost speech frames shall result in comfort noise generation, using the set of parameters from the last valid SID-frame. Speech frames with the FACCH flag set provoke a Bad Frame Indication (BFI = 1) and are hence regarded as lost speech frames.



	GSM 06.01, 3/5; GSM 06.12, 3/3.1;

	GSM 06.31, 1.2.2/3.1/3.1.1/3.1.2 for requirement 6 (first part).



	GSM 06.01, 3/5/6; GSM 06.11, 2.1/2.2; GSM 06.12, 3/3.1;

	GSM 06.31, 1.2.2/3.1/3.1.1/3.1.2 for requirement 7 (second part).



8)	The energy of the output signal is controlled by the block amplitude parameter, xmaxc.



	GSM 06.10, 3.1.20/3.1.21/3.2.1;



9/10)	The first SID-frame that is expected and not received shall be substituted by the last valid SID-frame and the procedure for valid SID-frames shall be applied. For the second lost SID-frame, a muting technique shall be used that will gradually decrease the output level, resulting in silencing the output after a maximum of 320 ms. Speech frames with the FACCH flag set provoke a Bad Frame Indication (BFI = 1) and are hence regarded as lost speech frames.



	GSM 05.08, 8.3; GSM 06.01, 6; GSM 06.11, 2.3/2.4;

	GSM 06.31, 1.2.2/3.1.1/3.1.2.



32.2.3	Test purpose

1)	To verify that the signal energy at the output of the decoder is constant with a tolerance of +/- 3 dB if a sequence of identical speech frames is applied at the receiver input.



2)	To verify that the muting function of the receiver is within the required limits if a sequence of lost speech frames is applied at the receiver input.



3)	To verify that the muting function of the receiver is within the required limits if a sequence of speech frames with the FACCH flag set is applied at the receiver input.



4)	To verify the function of comfort noise generation when a valid SID-frame is received followed by a sequence of lost speech frames. The signal energy at the output of the decoder shall be constant with a tolerance of +/- 3 dB.



5)	To verify the function of comfort noise generation when a valid SID-frame is received followed by a sequence of speech frames with the FACCH flag set. The signal energy at the output of the decoder shall be constant with a tolerance of +/- 3 dB.



6)	To verify the function of comfort noise generation when an invalid SID-frame is received followed by a sequence of lost speech frames. The signal energy at the output of the decoder shall be constant with a tolerance of +/- 3 dB.



7)	To verify the function of comfort noise generation when an invalid SID-frame is received followed by a sequence of speech frames with the FACCH flag set. The signal energy at the output of the decoder shall be constant with a tolerance of +/- 3 dB.



8)	To verify that the signal energy at the output of the decoder depends on the block amplitude xmaxc of the input frames if a sequence of speech frames is applied to the decoder. The signal energy at the output of the decoder shall be constant with a tolerance of +/- 3 dB.



9)	To verify the SID-frame substitution and muting functions on the comfort noise, if two consecutive expected SID-frames are lost with the other frames being lost speech frames.



10)	To verify the SID-frame substitution and muting functions on the comfort noise, if two consecutive expected SID-frames are lost with the other frames being speech frames with the FACCH flag set.



32.2.4	Method of test

32.2.4.1	Initial conditions

Uplink DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

32.2.4.2	Procedure

a)	The SS transmits coded "speech" traffic frames on the air interface after passing them trough the SS channel encoder. They contain a special test signal at 13 kbit/s as defined below. All traffic frames are identical with the exception of some frames which are SID frames as defined in GSM 06.32.



b)	The energy of the PCM signal is evaluated (as a mean square average) at the digital audio interface of the MS at 104 kbit/s level (13 bit, 8 kHz linear PCM) and recorded for each block of 20 ms synchronized to the 20 ms speech frame structure.



c)	The SS transmission of the TDMA frames of the TCH/FS on the air interface is ramped "on" and "off" on a traffic frame by traffic frame basis, taking into account the block diagonal interleaving scheme defined in GSM 05.03. The first traffic frame in step 1 occurs one frame after the window of the SACCH multiframe (TDMA frame 60 modulo 104), allocated for the SID frame (see GSM 05.02 and 05.08). The SACCH will also be transmitted.



NOTE �seq note�44�:	8 timeslots in 8 consecutive TCH/FS TDMA frames are seen as one traffic frame, and the next traffic frame starts in the middle of the previous one (i.e. after 4 TDMA frames of the previous one) due to the block diagonal interleaving scheme defined in GSM 05.03.

d)	The special test frame is an encoded "speech" traffic frame of 260 bits obtained from white Gaussian noise band limited to 300 - 3400 Hz. When repeated, the special test frame results in a humming sound with a fairly constant level when decoded, and is defined in table �seq table dtxtab�11�.



Table �seq table�11�: Table of special test traffic frame for receiver DTX tests

Encoded parameter:	Value:

LARc(1)	38�LARc(2)	42�LARc(3)	24�LARc(4)	20�LARc(5)	10�LARc(6)	9�LARc(7)	5�LARc(8)	3

	Sub-block no:

	0	1	2	3�Grid position (Mc)	1	3	2	0�Block amplitude (xmaxc)	40	40	40	40�LTP gain (Bc)	0	0	0	0�LTP lag (Nc)	40	120	40	120�RPE pulses (xmc)�- pulse no 1	4	6	6	6�- pulse no 2	4	5	4	3�- pulse no 3	2	1	3	4�- pulse no 4	6	2	1	3�- pulse no 5	3	6	4	1�- pulse no 6	5	1	6	3�- pulse no 7	5	2	5	5�- pulse no 8	5	6	2	1�- pulse no 9	1	3	4	4�- pulse no 10	3	2	4	3�- pulse no 11	5	5	4	5�- pulse no 12	6	1	2	2�- pulse no 13	1	3	4	3



NOTE �seq note�55�:	The signal energy of the decoded special test frame is controlled with the block amplitude parameter (xmaxc). Reducing xmaxc from 40 to 32 reduces the signal energy by 6 dB, and reducing xmaxc from 40 to 24 reduces the signal energy by 12 dB.

e)	The sequence of traffic frames on the air interface is as follows:



e.1)	23 test frames "on".



e.2)	20 frames "off".



e.3)	20 test frames "on".



e.4)	1 SID frame followed by 6 frames "off", another identical SID frame and 23 frames "off". Except for the SID codeword, the SID frames are identical to the test frame.



e.5)	1 different SID frame, however with 2 to 15 errors inserted in the SID codeword, followed by 23 frames "off".



e.6)	20 test frames "on", but with the block amplitude parameter xmaxc = 24.



e.7)	1 SID frame followed by 50 frames "off". Except for the SID codeword, the SID frames are identical to the test frame.



e.8)	The whole test is repeated, but the frames "off" are replaced by frames "on" with the FACCH flag set.



32.2.5	Test requirements

1)	In step e.1), the signal energy shall be fairly constant within +/- 3 dB.



2)	In step e.2), the signal energy shall decrease to less than -60 dBm within 17 frames.



3)	In step e.4), comfort noise shall be generated. The same requirements as in step e.1) apply.



4)	In step e.5), the same requirements as in step e.4) apply.



5)	In step e.6), the same requirements as in step e.1) apply. However, the signal energy shall be 12 dB lower.



6)	In step e.7), the signal energy shall be fairly constant within +/- 3 dB for 28 frames. Then the signal energy shall decrease to less than -60 dBm within 16 frames.



7)	In step e.8), the same requirements as in all previous steps apply.



32.3	Full Rate Uplink speech transcoding

32.3.1	Definition and applicability

Uplink speech transcoding transforms 13 bit linear PCM to the 13 kbit/s net bit stream. This net bit stream is to be channel encoded for transmission on the air interface.

The requirements and this test apply to all MS supporting TCH/FS.

32.3.2	Conformance requirement

The output bit stream from the speech transcoder shall be bit by bit exactly the same as the predefined output sequence (SEQ01.OUT, SEQ02.OUT, SEQ03.OUT and SEQ04.OUT).

	GSM 06.01, 2; GSM 06.10, 5.2/5.2.1



32.3.3	Test purpose

To verify that the speech transcoder on the MS can transform all predefined sequences (SEQ01.INP, SEQ02.INP, SEQ03.INP and SEQ04.INP) at 104 kbit/s (13 bit linear PCM at 8 kHz) level to 13 kbit/s level correctly.

32.3.4	Method of test

32.3.4.1	Initial conditions

Uplink DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)"

32.3.4.2	Procedure

a)	The SS resets the speech decoder on the MS (see 36.4)



b)	The SS sends a test sequence SEQ01.INP to the MS at 104 kbit/s level via the digital audio interface.



NOTE �seq note�66�:	These files contain 16 bit words for 13 bit linear PCM left justified. See also GSM 06.10 table 5.1.

c)	The SS records the 13 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface.



d)	The test is repeated using the test sequences SEQ02.INP, SEQ03.INP and SEQ04.INP.



32.3.5	Test requirements

The bit stream output shall be bit by bit exactly the same as the sequence given in the files SEQ01.COD, SEQ02.COD, SEQ03.COD and SEQ04.COD.

NOTE �seq note�77�:	These files contain 16 bit words of all the 76 parameters in a speech frame justified as in GSM 06.10 table 5.1. 76 codewords shall occur in a frame of 20 ms.

32.4	Full Rate Uplink transmitter DTX functions

32.4.1	Definition and applicability

The VAD/DTX transmitter functions consist of a Voice Activity Detector (VAD) and a surrounding Discontinuous Transmission (DTX) system introducing additional "speech" traffic frames on the air interface compared to those the VAD itself would classify as speech frames containing real speech. The additional traffic frames on the air are introduced due to:

1)	A "hangover" period at the end of speech bursts in order to be certain that the traffic frames contain only noise and to evaluate the background acoustic noise characteristics when no real speech is present.



2)	Special traffic frames (SID frames) added on the air at regular intervals containing only the evaluated background acoustic noise characteristics. These frames are used for generation of comfort noise in speaker silence periods on the receiving side.



The requirements and this test apply to all MS supporting TCH/FS.

32.4.2	Conformance requirement

The MS VAD and DTX function allows only those frames to be transmitted that are either marked with SP = 1 or that are properly positioned SID-frames.

	GSM 05.08, 8.3; GSM 06.01, 3/4; GSM 06.31, 2.1/2.1.1/2.1.2; GSM 06.32, 1/2/2.1/2.2.8



32.4.3	Test purpose

To verify that the combination of VAD and DTX operates correctly.

32.4.4	Method of test

32.4.4.1	Initial conditions

A call is set up on a TCH/FS according to the generic call set-up procedure

Uplink DTX is on.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)"

32.4.4.2	Procedure.

a)	The SS sends a test sequence SPEC_A1.INP of PCM samples, which are grouped into frames of 20 ms synchronized to the TDMA and traffic frame structure on the air interface, on the digital audio interface in the MS at 104 kbits/s (13 bit, 8 kHz linear PCM).



	The start of the test sequences is synchronized with the radio transmission on the air interface so that the first traffic frame on the air occurs just after the traffic frame allocated for the SID frame (TDMA frame 56 modulo 104, see GSM 05.02 and 05.08).



NOTE �seq note�88�:	8 timeslots in 8 consecutive TCH/FS TDMA frames are seen as one traffic frame and the next traffic frame starts in the middle of the previous one (i.e. after 4 TDMA frames of the previous one) due to the block diagonal interleaving scheme defined in GSM 05.03.

b)	The SS detects whether or not there is any power transmitted over the radio path on a timeslot basis excluding SACCH frames. The speech frame by speech frame on/off transmission (on = 1) is recorded.



c)	The test is repeated for all test sequences *.INP described in GSM 06.32 section 4.



32.4.5	Test requirements

1)	In step b), the traffic frame on/off sequence recorded shall be bit exact like the sequence of SP flags stored as bit 15 of LAR(2) on the respective reference files *.COD described in GSM 06.32, with the following exceptions:



1.1)	The occurrence of a SID frame in its allowed window within the SACCH multiframe as defined in GSM 05.08.



1.2)	The occurrence of a SID frame after 1 or more real speech frames consecutively transmitted on the air.



32.5	Full Rate Speech channel transmission delay

32.5.1	Definition and applicability

The total transmission delay within the various elements of a GSM system are specified as round trip delays. For the MS this would be equivalent to applying an RF equivalent of a speech signal to the MS receiver, closing an acoustic path from the ERP to the MRP, detecting the corresponding RF signal at the MS transmitter output and measuring the time interval between the signal originally fed to the MS receiver and that transmitted by the MS transmitter.

This simple approach cannot be demonstrated to be accurate due to the inherent non linear characteristic of the speech transcoder. The overall delay therefore is split into four identifiable and measurable delays. The delays are respectively:

-	the downlink delay from RF input to DAI output,

-	DAI output to ERP,

-	MRP to DAI output, and

-	DAI to uplink RF output.



Each delay is defined and its method of test described in the following sections.

The requirements and this test apply to all MS supporting TCH/FS.

32.5.2	Conformance requirement

The overall speech channel transmission delay shall be less than 143.9 ms.

	GSM 03.50, section 3.3.6.1



32.5.3	Test purpose

To verify that the round trip delay, of a speech channel for a MS, which consists of the sum of:

	-	the downlink delay from RF input to DAI output,

	-	DAI output to ERP,

	-	MRP to DAI output, and

	-	DAI to uplink RF output



meets the requirements when using the predefined test sequences SEQ01.COD, SEQ03.COD, SEQ04.COD and SEQ05.COD.

32.5.4	Downlink processing delay

32.5.4.1	Definition and applicability

The downlink processing delay is the delay from the first bit of a speech block transmitted from the RF output of the SS up to the last bit of the corresponding speech block received at the DAI on the output of the speech transcoder.

The requirements and this test apply to all MS supporting TCH/FS.

32.5.4.2	Method of test

32.5.4.2.1	Initial conditions

DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

32.5.4.2.2	Procedure

a)	The test set up is that described in 32.1 for downlink speech transcoding.



b)	The SS transmits one of the test patterns SEQ01.COD, SEQ03.COD, SEQ04.COD or SEQ05.COD to the MS.



c)	The SS measures for each speech block it transmits the time between the first bit at the air interface and the last bit of that speech block on the DAI. This difference is the delay measured.



d)	Step c) is repeated 20 times and the maximum delay measured in ms is the downlink processing delay TDP.



NOTE �seq note�99�:	This is to account for the fact that the processing time may not be constant.

32.5.5	Downlink coding delay

32.5.5.1	Definition and applicability

The downlink coding delay is defined as the delay between the digital representation of an acoustic signal on the DAI and the corresponding acoustic signal at the ERP.

The requirements and this test apply to all MS supporting TCH/FS.

32.5.5.2	Method of test

32.5.5.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

The handset is mounted in the LRGP (see annex 1 of CCITT recommendation P.76) and the earpiece is sealed to the knife edge of the artificial ear conforming to CCITT recommendation P.51.

32.5.5.2.2	Procedure

a)	The SS generates on the DAI a digital representation of a sine wave with a frequency of 1000 Hz.



b)	The SS measures the "phase shift" Æ1, in the range of 0 to 360 degrees, between the equivalent sine wave generated at the DAI and the sine wave at the input to the artificial ear.



c)	The frequency is increased to 1100 Hz and the resulting phase shift Æ2 noted.



d)	The downlink coding delay TDC is calculated from either:



TDC = (Æ2 - Æ1)/36 ms	for Æ2 > Æ1



or



TDC = (Æ2 + 360 - Æ1)/36 ms	for Æ2 < Æ1



32.5.6	Uplink processing delay

32.5.6.1	Definition and applicability

The uplink processing delay is the delay from the first bit of a speech block on the DAI to the last bit of that speech block being transmitted on the air interface of the MS.

The requirements and this test apply to all MS supporting TCH/FS.

32.5.6.2	Method of test

32.5.6.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)".

32.5.6.2.2	Procedure

a)	The test set up is that described in 32.3 for uplink speech transcoding.



b)	The SS sends one of the test patterns SEQ01.INP, SEQ03.INP, SEQ04.INP or SEQ05.INP to the DAI of the MS.



c)	The SS measures the time between the first bit on the DAI, and the last transmitted bit of the block at the air interface for each speech block the SS sends on the DAI. This time difference is the delay measured.



d)	Step c) is repeated 20 times. The maximum delay measured in ms is the uplink coding delay TUP.



NOTE �seq note�1010�:	This is to account for the fact that the processing time may not be constant.

32.5.7	Uplink coding delay

32.5.7.1	Definition and applicability

The uplink coding delay is defined as the delay between an acoustic signal at the MRP and the digital representation of that signal on the DAI.

The requirements and this test apply to all MS supporting TCH/FS.

32.5.7.2	Method of test

32.5.7.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

The handset is mounted in the LRGP (see annex 1 of CCITT recommendation P.76) and the earpiece is sealed to the knife edge of the artificial ear conforming to CCITT recommendation P.51.

32.5.7.2.2	Procedure

a)	The SS generates an acoustic signal at the artificial mouth of the LRGP, being a pure sine wave with a frequency of 1000 Hz.



b)	The SS measures the "phase shift" Æ1, in the range of 0 to 360 degrees, between the signal at the MRP and its digital representation on the DAI.



c)	The SS set the generated frequency to 1100 Hz and measures the resulting phase shift Æ2.



d)	The uplink coding delay TUC is calculated from either:



TUC = (Æ2 - Æ1)/36 ms	for Æ2 > Æ1



or



TUC = (Æ2 + 360 - Æ1)/36 ms	for Æ2 < Æ1



32.5.8	Test requirement

The sum of the dealys {TDP + TDC + TUP + TUC} shall be less than 144.9 ms.

NOTE �seq note�1111�:	This limit includes an allowance of 4*0.25 ms delay from the DAI to the MS transmission path.

NOTE �seq note�1212�:	No allowances have been made for any delays within the measurement system. These must either be calibrated out or subtracted from the individual delays before performing the sum above.

32.6	Half Rate Downlink speech transcoding

32.6.1	Definition and applicability

Downlink speech transcoding transforms the 5.6 kbit/s net bit stream obtained by channel decoding the incoming bit stream from the air interface to 104 kbit/s (13 bit linear PCM at 8 kHz) level.

The requirements and this test apply to all MS supporting TCH/HS.

32.6.2	Conformance requirement:

The output bit stream from the speech transcoder shall be continuous and bit by bit exactly the same as the predefined output sequences contained in SEQ01.OUT, SEQ02.OUT, SEQ03.OUT and SEQ04.OUT.

GSM 06.02, 5; GSM 06.20 

32.6.3	Test purpose:

To verify that the speech transcoder of the MS can transform all the predefined sequences (SEQ01.DEC, SEQ02.DEC, SEQ03.DEC and SEQ04.DEC) at 5.6 kbit/s level to 104 kbit/s (13 bit linear PCM at 8 kHz) level correctly.

32.6.4	Method of test

32.6.4.1	Initial conditions

Uplink DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

Frequency hopping is on, where the BCCH carrier is part of the hopping sequence. Frequency hopping shall be performed over four carriers using random frequency hopping. Downlink power control shall be activated and a difference of 30 dB between the level of the BCCH carrier and the other carriers adjusted.

NOTE �seq note�1313�:	Frequency hopping is used to ensure that the MS can cope with the reception of bursts (on the BCCH carrier) that have a power level that is different from the rest of the bursts.

32.6.4.2	Procedure

a)	The SS sends a reset pulse to the MS on the digital audio interface. This reset pulse will start the clock output of the MS at 104 kHz (pin 24 of the DAI).



b)	The SS sends test sequence SEQ01.DEC at 5.6 kbit/s to the MS via the air interface after passing it through the SS channel encoder. The speech decoder of the MS is reset by the special reset sequence which is at the beginning of the test sequence. 



c)	The SS records the 104 kbit/s output bit stream from the MS on the digital audio interface. The recording shall be triggered by the reception of the encoder homing frame. The encoder homing frame itself shall not be recorded.



d)	The test is repeated using test sequences SEQ02.DEC, SEQ03.DEC and SEQ04.DEC.



32.6.5	Test requirement

The bit stream output shall be continuous and bit by bit exactly the same as the sequence describing the speech data contained in the files SEQ01.OUT, SEQ02.OUT, SEQ03.OUT and SEQ04.OUT. The two encoder homing frames at the beginning of each test sequence *.OUT shall be disregarded for this comparison.

32.7	Half Rate Downlink receiver DTX functions

32.7.1	Definition and applicability

The DTX receiver functions consist of a SID frame detector, comfort noise generator functions and lost frame substitution and muting functions.

The requirements and this test apply to all MS supporting TCH/HS.

32.7.2	Conformance requirement

The output bit stream from the speech transcoder shall be continuous and bit by bit exactly the same as the predefined output sequences contained in DTX*.OUT described in GSM 06.07 subclause 7.

GSM 06.02, 6/8; GSM 06.22; GSM 06.41

32.7.3	Test purpose

To verify that the MS generates comfort noise correctly.

32.7.4	Method of test

32.7.4.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

Frequency Hopping is on, where the BCCH carrier is part of the hopping sequence. Frequency Hopping shall be done over four carriers using random Frequency Hopping.

NOTE �seq note�1414�:	Frequency Hopping is used to ensure that the MS can cope with the reception of dummy bursts (on the BCCH frequency) during DTX.

32.7.4.2	Procedure

a)	The SS sends a reset pulse to the MS on the digital audio interface. This reset pulse will start the clock output of the MS at 104 kHz (pin 24 of the DAI).



b)	The SS sends test sequence DTX01.DEC at 5.6 kbit/s to the MS via the air interface after passing it through the SS channel encoder. The speech decoder of the MS will be reset by the special reset sequence which is at the beginning of the test sequence. 



c)	The SS transmission of the TDMA frames of the TCH/HS on the air interface is ramped "on" and "off" on a traffic frame by traffic frame basis, taking into account the block diagonal interleaving scheme defined in GSM 05.03. The first traffic frame in step b occurs one frame after the window of the SACCH multiframe (TDMA frame 0 or 52 modulo 104 for subchannel 0 and TDMA frame 1 or 53 modulo 104 for subchannel 1), allocated for the SID frame (see GSM 05.02 and 05.08). The SACCH will also be transmitted.



d)	The information whether to ramp the transmitter of the SS "on" or "off" is derived from the sequence of SP-flags contained in the file DTX01.COD (see file format description in GSM 06.07 subclause 5 for the position of the SP-flag).



e)	The SS records the 104 kbit/s output bit stream from the MS on the digital audio interface. The recording shall be triggered by the reception of the encoder homing frame. The encoder homing frame itself is not recorded.



f)	The test is repeated using test sequences *.DEC described in GSM 06.07 subclause 7.



32.7.5	Test requirement

The bit stream output shall be continuous and bit by bit exactly the same as the sequence describing the speech data contained in the files DTX*.OUT described in GSM 06.07 subclause 7. The two encoder homing frames at the beginning of each test sequence *.OUT shall be disregarded for this comparison.

32.8	Half Rate Uplink speech transcoding

32.8.1	Definition and applicability

Uplink speech transcoding transforms 104 kbit/s (13 bit linear PCM at 8 kHz) level to the 5.6 kbit/s net bit stream. This net bit stream is to be channel encoded for transmission on the air interface.

The requirements and this test applies to all MS supporting TCH/HS.

32.8.2	Conformance requirement

The output bit stream from the speech transcoder shall be bit by bit exactly the same as the predefined sequences contained in SEQ01.COD, SEQ02.COD and SEQ03.COD described in GSM 06.07 subclause 6.

GSM 06.02, 5; GSM 06.20

32.8.3	Test purpose

To verify that the speech transcoder of the MS can transform all the predefined sequences SEQ01.INP, SEQ02.INP and SEQ03.INP at 104 kbit/s (13 bit linear PCM at 8 kHz) level to 5.6 kbit/s level correctly.

32.8.4	Method of test

32.8.4.1	Initial conditions

Uplink DTX is off.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)"

Frequency hopping is on.

32.8.4.2	Procedure

a)	The SS sends a reset pulse to the MS on the digital audio interface. This reset pulse will start the clock output of the MS at 104 kHz (pin 24 of the DAI).



b)	The SS synchronizes the input of the test sequences via the digital audio interface to the framing of the MS in the uplink. This can be done in two steps as follows:



b.1)	The SS sends to the MS at 104 kbit/s level via the digital audio interface 13 triplets of input frames, each triplet consisting of 480 samples. The 480 samples of one triplet shall all be identical. The 13 bits of one sample shall all be set to "zero" except for one which is set to "one". The position of the bit within the 13 bits of a sample that is set to "one" shall vary in such a way, that all possible 13 positions are exercised within the 13 triplets of input frames. An example for such a sequence is given in test sequence BITSYNC.INP described in GSM 06.07 subclause 8. The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. As soon as the decoder homing frame is detected at the output, the framing of the MS with respect to the 13 bit long input words is known by looking at the corresponding input frame that has caused the decoder homing frame at the output.



NOTE �seq note�1515�:	The encoder homing frame conists of 160 identical samples, each 13 bit long left justified, with the least significant bit set to "one" and all other bits set to "zero" (0008 hex). The speech encoder will go to its predefined home state at the end of the first received encoder homing frame. Consecutive encoder homing frames will produce the decoder homing frame at the output of the speech encoder.

b.2)	Synchronized to the 13 bit framing of the MS, the SS now sends test sequence SEQSYNC.INP described in GSM 06.07 subclause 8 to the MS at 104 kbit/s level via the digital audio interface. The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. The recording shall be triggered by the reception of the decoder homing frame. By comparing the first recorded frame that is not a decoder homing frame with the 160 possible output frames contained in sequences SYNC*.COD, the offset of the input to the 20 ms framing of the MS is known.



c)	Synchronized to the 20 ms framing of the MS, the SS sends a test sequence SEQ01.INP to the MS at 104 kbit/s level via the digital audio interface. The speech encoder of the MS is reset by the special homing sequence which is at the beginning of the test sequence.



d)	The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. The recording shall be triggered by the reception of the decoder homing frame. The decoder homing frame itself is not recorded.



e)	The test is repeated using test sequences SEQ02.INP and SEQ03.INP.



32.8.5	Test requirements

The bit stream output shall be bit by bit exactly the same as the sequences describing the speech parameters contained in the files SEQ01.COD, SEQ02.COD and SEQ03.COD. The two decoder homing frames at the beginning of each test sequence *.COD shall be disregarded for this comparison.

32.9	Half Rate Uplink transmitter DTX functions

32.9.1	Definition and applicability

The VAD/DTX transmitter functions consist of a Voice Activity Detector (VAD) that inhibits the transmitter during speech pauses, and a surrounding Discontinuous Transmission (DTX) system introducing Silence Descriptor (SID) frames on the air interface.

The requirements and this test apply to all MS supporting TCH/HS.

32.9.2	Conformance requirement

The MS VAD and DTX function allow only those frames to be transmitted that are either properly positioned SID�frames, SACCH-frames or frames marked with SP-flag = 1.

For the transmitted frames, the output bit stream from the speech transcoder shall be bit by bit exactly the same as the predefined sequences contained in DTX*.COD described in GSM 06.07 subclause 6.

GSM 05.08, 8.3; GSM 06.02, 6/7; GSM 06.41; GSM 06.42

32.9.3	Test purpose

To verify that the combination of VAD and DTX operates correctly.

32.9.4	Method of test

32.9.4.1	Initial conditions

Uplink DTX is on.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)".

Frequency Hopping is on.

32.9.4.2	Procedure

a)	The SS sends a reset pulse to the MS on the digital audio interface. This reset pulse will start the clock output of the MS at 104 kHz (pin 24 of the DAI).



b)	The SS synchronizes the input of the test sequences via the digital audio interface to the framing of the MS in the uplink. This can be done in two steps as follows:



b.1)	The SS sends to the MS at 104 kbit/s level via the digital audio interface 13 triplets of input frames, each triplet consisting of 480 samples. The 480 samples of one triplet shall all be identical. The 13 bits of one sample shall all be set to "zero" except for one which is set to "one". The position of the bit within the 13 bits of a sample that is set to "one" shall vary in such a way, that all possible 13 positions are exercised within the 13 triplets of input frames. An example for such a sequence is given in test sequence BITSYNC.INP described in GSM 06.07 subclause 8. The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. As soon as the decoder homing frame is detected at the output, the framing of the MS with respect to the 13 bit long input words is known by looking at the corresponding input frame that has caused the decoder homing frame at the output.



NOTE �seq note�1616�:	The encoder homing frame conists of 160 identical samples, each 13 bit long left justified, with the least significant bit set to "one" and all other bits set to "zero" (0008 hex). The speech encoder will go to its predefined home state at the end of the first received encoder homing frame. Consecutive encoder homing frames will produce the decoder homing frame at the output of the speech encoder.

b.2)	Synchronized to the 13 bit framing of the MS, the SS now sends test sequence SEQSYNC.INP  described in GSM 06.07 subclause 8 to the MS at 104 kbit/s level via the digital audio interface. The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. The recording shall be triggered by the reception of the decoder homing frame. By comparing the first recorded frame that is not a decoder homing frame with the 160 possible output frames contained in sequences SYNC*.COD, the offset of the input to the 20 ms framing of the MS is known.



c)	The SS sends test sequence DTX01.INP of PCM samples  described in GSM 06.07 subclause 7 on the digital audio interface in the MS at 104 kbit/s (13 bit linear PCM at 8 kHz). The speech encoder of the MS will be reset by the special homing sequence which is at the beginning of the test sequence.



d)	The start of the test sequence is synchronized with the radio transmission on the air interface so that the first traffic frame on the air caused by the first cencoder homing frame in the test sequence occurs just after the traffic frame allocated for the SID frame (TDMA frame 0 or 52 modulo 104 for subchannel 0 and TDMA frame 1 or 53 modulo 104 for subchannel 1), allocated for the SID frame (see GSM 05.02 and 05.08).



e)	The SS detects whether or not there is any power transmitted over the radio path on a time slot basis excluding SACCH frames. The speech frame by speech frame on/off transmission (on = 1) is calculated and recorded. The recording shall be triggered by the reception of the decoder homing frame. The flag marking the  decoder homing frame itself is not recorded.



f)	The SS records the 5.6 kbit/s output bit stream obtained by channel decoding the incoming bit stream from the air interface. The recording shall be triggered by the reception of the decoder homing frame. The decoder homing frame itself is not recorded.



g)	The test is repeated for all test sequences DTX*.INP described in GSM 06.07 subclause 7.



32.9.5	Test requirements

1)	The bit stream recorded in step e) shall be continuous and bit by bit exactly the same as the sequence of SP-flags contained in the files DTX*.COD (see file format description in GSM 06.07 subclause 5 for the position of the SP-flag), except for the bits marking those frames that are SID frames scheduled for transmission according to GSM 06.41. The first two frames in the reference files *.COD shall be disregarded for this comparison.



2)	The bit stream recorded in step f) shall be continuous and bit by bit exactly the same as the sequence describing the speech parameters contained in the files *.COD described in GSM 06.07 subclause 7, except for the bits of the speech frames marked with SP-flag=0. The two decoder homing frames at the beginning of each test sequence *.COD shall be disregarded for this comparison.



32.10	Half Rate Speech channel transmission delay

32.10.1	Definition and applicability

The total transmission delay within the various elements of a GSM system are specified as round trip delays. For the MS this would be equivalent to applying an RF equivalent of a speech signal to the MS receiver, closing an acoustic path from the ERP to the MRP, detecting the corresponding RF signal at the MS transmitter output and measuring the time interval between the signal originally fed to the MS receiver and that transmitted by the MS transmitter.

This simple approach cannot be demonstrated to be accurate due to the inherent non linear characteristic of the speech transcoder. The overall delay therefore is split into four identifiable and measurable delays. The delays are respectively:

-	the downlink delay from RF input to DAI output,

-	DAI output to ERP,

-	MRP to DAI output, and

-	DAI to uplink RF output.



Each delay is defined and its method of test described in the following sections.

The requirements and this test applies to all MS supporting TCH/HS.

32.10.2	Conformance requirement

The overall speech channel transmission delay shall be less than 143.9 ms.

GSM 03.50 section 3.3.6.2

32.10.3	Test purpose

To verify that the round trip delay of a speech channel for a MS which consists of the sum of

-	the downlink delay from RF input to DAI output,

-	DAI output to ERP,

-	MRP to DAI output, and

-	DAI to uplink RF output



meets the requirements when using the predefined test sequences SEQ01.INP and SEQ01.DEC.

32.10.4	Downlink processing delay

32.10.4.1	Definition and applicability

The downlink processing delay is the delay from the first bit of a speech block transmitted from the RF output of the SS up to the last bit of the corresponding speech block received at the DAI on the output of the speech transcoder.

The requirements and this test apply to all MS supporting TCH/HS.

32.10.4.2	Method of test

32.10.4.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech decoder/DTX functions (downlink)"

32.10.4.2.2	Procedure

a)	The test set up is that described in section 32.6.4.2 for downlink speech transcoding.



b)	The SS transmits the test pattern SEQ01.DEC described in GSM 06.07 subclause 6 to the MS.



c)	The SS measures for each speech block it transmits the time between the first bit at the air interface and the last bit of that speech block on the DAI. This time difference is the delay measured.



d)	Step c) is repeated 20 times and the maximum delay measured in ms is the downlink processing delay TDP.



NOTE �seq note�1717�:	This is to account for the fact that the processing time may not be constant.

32.10.5	Downlink coding delay

32.10.5.1	Definition and applicability

The downlink coding delay is defined as the delay between the digital representation of an acoustic signal on the DAI and the corresponding acoustic signal at the ERP.

The requirements and this test applies to all MS supporting TCH/HS.

32.10.5.2	Method of test

32.10.5.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

The handset is mounted in the LRGP (see annex 1 of CCITT recommendation P.76) and the earpiece is sealed to the knife edge of the artificial ear conforming to CCITT recommendation P.51.

32.10.5.2.2	Procedure

a)	The SS generates on the DAI a digital representation of a sine wave with a frequency of 1000 Hz.



b)	The SS measures the "phase shift" Æ1, in the range of 0 to 360 degrees, between the equi�valent sine wave generated at the DAI and the sine wave at the input to the artificial ear.



c)	The frequency is increased to 1100 Hz and the resulting phase shift Æ2 noted.



d)	The downlink coding delay TDC is calculated from either:



TDC = (Æ2 - Æ1) ms/36 	for Æ2 > Æ1



or



TDC = (Æ2 + 360 - Æ1) ms/36 	for Æ2 < Æ1



32.10.6	Uplink processing delay

32.10.6.1	Definition and applicability

The uplink processing delay is the delay from the first bit of a speech block on the DAI to the last bit of that speech block being transmitted on the air interface of the MS.

The requirements and this test apply to all MS supporting TCH/HS.

32.10.6.2		Method of test

32.10.6.2.1	Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of speech encoder/DTX functions (uplink)"

32.10.6.2.2	Procedure

a)	The test set up is that described in section 32.8.4.2 for uplink speech transcoding.



b)	The SS sends one of the test patterns SEQ01.INP described in GSM 06.07 subclause 6 to the DAI of the MS.



c)	The SS measures the time between the first bit on the DAI, and the last transmitted bit of the block at the air interface for each speech block the SS sends on the DAI. This time difference is the delay measured.



d)	Step c) is repeated 20 times. The maximum delay measured in ms is the uplink coding delay TUP.



NOTE �seq note�1818�:	This is to account for the fact that the processing time may not be constant.

32.10.7	Uplink coding delay

32.10.7.1	 Definition and applicability

The uplink coding delay is defined as the delay between an acoustic signal at the MRP and the digital representation of that signal on the DAI.

The requirements and this test applies to all MS supporting TCH/HS.

32.10.7.2	Method of test

32.10.7.2.1	Initial conditions

The handset is mounted in the LRGP (see annex 1 of CCITT recommendation P.76) and the earpiece is sealed to the knife edge of the artificial ear conforming to CCITT recommendation P.51.

32.10.7.2.2	Procedure

a)	The SS generates an acoustic signal at the artificial mouth of the LRGP, being a pure sine wave with a frequency of 1000 Hz.



b)	The SS measures the "phase shift" Æ1, in the range of 0 to 360 degrees, between the signal at the MRP and its digital representation on the DAI.



c)	The SS sets the generated frequency to 1100 Hz, and measures the resulting phase shift Æ2.



d)	The uplink coding delay TUC is calculated from either:



TDC = (Æ2 - Æ1) ms/36 	for Æ2 > Æ1



or



TDC = (Æ2 + 360 - Æ1) ms/36 	for Æ2 < Æ1



32.10.8	Test requirement

The sum of the delays  TDP, TDC, TUP, and TUC shall be less than 144.9 ms.

NOTE �seq note�1919�:	This limit includes an allowance of 4*0.25 ms delay from the DAI to the MS transmission path.

32.11	Intra cell channel change from a TCH/HS to a TCH/FS

32.11.1	Definition and applicability

Dual rate MSs support an intra cell channel change from a TCH/HS to a TCH/FS by switching the Speech and channel codec used from HR to FR.

The requirements and this test apply to all MS supporting TCH/HS.

32.11.2	Conformance requirement:

1)	When commanded to perform an intra cell channel changeDuring a handover from a TCH/HS to a TCH/FS, the MS shall switch channels from HR to FR. The maximum time allowed for the MS to perform this switch in rates is 20 ms.



	GSM 05.10, section 6.8



2)	For an intra cell channel change, the time between the end of the last complete speech frame sent on the old channel and the time the MS is ready to transmit on the new channel shall be less than 20 ms.



	GSM 05.10, section 6.8



32.11.3	Test purpose:

1)	To verify that the MS encodes speech correctly after performing an intra cell channel change from a TCH/HS to a TCH/FS.



2)	To verify that the MS, when commanded to perform an intracell channel change to a new ARFCN and/or timeslot number within the same cell, if the starting time is not used in the ASSIGNMENT COMMAND, is ready to transmit on the new channel within 20 ms of the last complete speech frame sent on the old channel.



32.11.4	Method of test

32.11.4.1	Initial conditions

Uplink DTX is off.

The SS sets up a call according to the generic call set up procedure on a HR channel in the low ARFCN range on timeslot 1.

32.11.4.2	Procedure

a)	The SS records the sequence of BFI flags obtained by channel decoding the incoming bit stream from the uplink air interface using the HR channel decoder on the old channel and at the same time  records the sequence of BFI flags obtained by channel decoding the incoming bit stream from the uplink air interface using the FR channel decoder on the channel to which the channel change will take place.



b)	The SS sends an ASSIGNMENT_COMMAND to the MS allocating a FR channel in the high ARFCN range on timeslot 2, and with a power command of 7. These old and new carriers have a relative frequency tolerance of 0, and a relative timing tolerance of 1/4 bit.



c)	The time at which the sequence of BFI flags at the output of the HR channel decoder performs the first transition from 0 to 1 is registered (t1). 



d)	The time values at which the sequence of BFI flags at the output of the FR channel decoder performs transitions from 1 to 0 are registered. The time t2 is defined as the time where the BFI flag at the output of the FR channel decoder toggles from 1 to 0 due to a correctly received speech traffic frame received at the channel decoder. Transitions due to the occurence of an ASSIGNMENT COMPLETE frame or an SABM frame after the reception of good speech frames shall not be considered. If the first frame sent on the new traffic channel was an SABM frame, t2 is defined as the time the BFI flag toggles from 1 to 0 due to a correctly received speech traffic frame after the reception of th SABM frame.



NOTE �seq note�2020�:	There shall be an allowance of at maximum two transitions for this BFI flag from 0 to 1 and back to zero again after t2. These transitions are caused by the SABM frame if it was not the first frame to be sent on the new TCH, or the ASSIGNMENT_COMPLETE frame, or both. Since both frames are FACCH frames, each would cause exactly one BFI=1 indications.

e)	The time difference Dt = t2 - t1 shall be calculated.



32.11.5	Test requirement

1)	The last transition of the BFI flag at the output of the FR channel decoder from 1 to 0 shall be followed by a sequence of at least 50 zeroes, interrupted by at maximum two transitions to 1, each interruption containing exactly one BFI=1 flag, caused by the SABM or the ASSIGNMENT_COMPLETE frames.



2)	The calculated time difference Dt shall not exceed 56.1 ms. If the first frame sent on the new channel was an SABM frame, the calculated time difference Dt shall not exceed 7665.1 ms.



NOTE �seq note�2121�:	The BFI of the old channel will toggle from 0 to 1 only four frames after the reception of the last bit of the speech frame sent on the old channel. The requirement time of 20 ms, at which the MS shall be ready to transmit, will expire at just over 4 frames after the sending of the last bit on the old channel.  The next frame could be an IDLE frame and the MS would then transmit in the following frame. This equates to 2 frames starting from the time the BFI flag on the old channel toggles to 1, so in the worst case, including the 1/4 bit relative timing tolerance between the carriers, the MS may take 9.3 ms before starting transmissions on the new channel. The MS might need to wait up to three frames before it can start transmission of a new speech frame in its allowed starting frame. Therefore, two more frames have to be allowed (since the IDLE frame was already taken into account, only two further frames need to be allowed, meaning an extra 9.3 ms). The first frame on the TCH could belong to an SABM frame, which will provoke a BFI at the decoder output (20 ms). Additionally, 37.5 ms will be needed due to the interleaving until the last bit of the first speech frame on the new channel is received. The next frame has to be the first one of a decodable speech frame (BFI = 0).

32.12	Intra cell channel change from a TCH/FS to a TCH/HS

32.12.1	Definition and applicability

Dual rate MSs support an intra cell channel change from a TCH/FS to a TCH/HS by switching the Speech and channel codec used from FR to HR.

The requirements and this test apply to all MS supporting TCH/HS.

32.12.2	Conformance requirement:

1)	When commanded to perform an intra cell channel change from a TCH/FS to a TCH/HS, the MS shall switch channels from FR to HR. 



	GSM 05.10 section 6.8.



2)	For an intra cell channel change, the time between the end of the last complete speech frame sent on the old channel and the time the MS is ready to transmit on the new channel shall be less than 20 ms.



GSM 05.10, section 6.8

32.12.3	Test purpose:

1)	To verify that the MS encodes speech correctly after performing an intra cell channel change from a TCH/FS to a TCH/HS.



2)	To verify that the MS, when commanded to perform an intra cell channel change to a new ARFCN and/or new timeslot number within the same cell, if the starting time is not used in the ASSIGNMENT COMMAND, is ready to transmit on the new channel within 20 ms of the last complete speech frame sent on an old channel.



32.12.4	Method of test

32.12.4.1	Initial conditions

Uplink DTX is off.

The SS sets up a call according to the generic call set up procedure on a FR channel in the low ARFCN range on timeslot 1.

32.12.4.2	Procedure

a)	The SS records the sequence of BFI flags obtained by  channel decoding the incoming bit stream from the uplink air interface using the FR channel decoder on the old channel and at the same time the sequence of BFI flags obtained by channel decoding the incoming bit stream from the uplink air interface using the HR channel decoder on the channel to which the channel change will take place.



b)	The SS sends an ASSIGNMENT_COMMAND to the MS allocating a HR channel in the high ARFCN range on timeslot 2, and with a power command of 7. These old and new carriers have a relative frequency tolerance of 0, and a relative timing tolerance of 1/4 bit.



c)	The time at which the sequence of BFI flags at the output of the FR channel decoder performs the first transition from 0 to 1 is registered (t1). 



d)	The time values at which the sequence of BFI flags at the output of the HR channel decoder performs transitions from 1 to 0 are registered. The time t2  is defined as the time where the BFI flag at the output of the FR channel decoder toggles from 1 to 0 ue to a correctly encoded speech traffic frame received at the channel decoder. Transitions due to the occurance of an ASSIGNMENT COMPLETE frame or and SABM frame after the reception of good speech frames shall not be considered. If the first frame sent on the new traffic channel was an SABM frame, t2 is defined as the time the BFI flag toggles from 1 to 0 due to a correctly received speech traffic frame after the reception of the SABM frame.



NOTE �seq note�2222�:	There shall be an allowance of at maximum two transitions for this BFI flag from 0 to 1 and back to zero again after t2. These transitions are caused by the SABM frame if it was not the first frame to be sent on the new TCH, or the ASSIGNMENT_COMPLETE frame, or both. Since both frames are FACCH frames, each would cause exactly two BFI=1 indications.

e)	The time difference Dt = t2 - t1 shall be calculated.



32.12.5	Test requirement

1)	The last transition of the BFI flag at the output of the HR channel decoder from 1 to 0 shall be followed by a sequence of at least 50 zeroes, interrupted by at maximum two transitions to 1, each interruption containing exactly two BFI=1 flags, caused by the SABM or the ASSIGNMENT_COMPLETE frames.



2)	The calculated time difference Dt shall not exceed 51.4 ms. if the first frame sent on the new channel was an SABM frame, the calculated time difference Dt shall not exceed 91.4 ms.



NOTE �seq note�2323�:	The BFI of the old channel will toggle from 0 to 1 only 4 frames after the reception of the last bit of the last speech frame sent on the old channel. The requirement time of 20 ms, at which the MS shall be ready to transmit, will expire at just over 4 frames after the sending of the last bit on the old channel. The next frame could belong to the other subchannel where the MS is not allowed to transmit and the MS would then transmit in the following frame. The next frame could then be an IDLE frame and the MS would then transmit in the following frame of its subchannel. This equates to 4 frames starting from the time the BFI flag on the old channel toggles to 1, so in the worst case, including the 1/4 bit relative timing tolerance between the carriers, the MS may take 18.5 ms before starting transmissions on the new channel. The first frame on the TCH could belong to an SABM frame, which will provoke 2 BFIs at the decoder output (40 ms). Additionally, 32.9 ms will be needed due to the interleaving until the last bit of the first speech frame on the new channel is received. The next frame has to be the first one of a decodable speech frame (BFI = 0).



�seq note \r 0____________________�00�

33	Mobile station features

GSM 02.07 defines mandatory and optional MS features. Their presence and appropriate functioning are verified by the following tests.

33.1	Entry and display of called number

33.1.1	Definition and applicability

The entry and display of a called number is the ability of a MS to correctly display and signal to the network the user required number.

The requirements and this test apply to all MS.

33.1.2	Conformance requirement

1)	The number of the called subscriber is included in the Called party BCD number Information element of the SETUP message for an outgoing call.



	The "Display of Called number" shall be implemented in an MS where a human interface is provided.



2)	The "Numbering plan identification" is included in the Called party BCD number Information element of the SETUP message for an outgoing call.



	An MS with MMI shall as default use the Numbering Plan Identification CCITT E164, unless otherwise indicated by the user.



3)	The "Type of number" is included in the Called party BCD number Information element of the SETUP message for an outgoing call.



	An MS with MMI shall, if the "+" is not entered, and a number is entered, set the Type of Number to "unknown".



4)	The "Type of number" is included in the Called party BCD number Information element of the SETUP message for an outgoing call.



	An MS with MMI shall, if the "+" is entered, and a number is entered, set the Type of Number to "International"



33.1.3	Test purpose

1)	To verify that an MS with human interface, in a SETUP message sent to originate a call, includes the same"Number digits" in the "Called party BCD number" of the SETUP message as displayed.



2)	To verify that an MS with MMI, when made to establish a call sends a SETUP message, which includes the "Numbering plan identification" in the "Called party BCD number" of the SETUP message for an outgoing call with the value "ISDN/telephony numbering plan (E.164/E.163)".



3)	To verify that an MS with MMI, when made to establish a call without use of the "+-key" function, sends a SETUP message, which includes the "Type of number" in the "Called party BCD number" of the SETUP message for an outgoing call with the value "unknown".



4)	To verify that an MS with MMI, implementing the "+-key" function, when made to establish a call with use of the "+-key" function, sends a SETUP message, which includes the "Type of number" in the "Called party BCD number" of the SETUP message for an outgoing call with the value "international number.



33.1.4	Method of test

33.1.4.1	Initial conditions

The MS is registered in a cell of the SS.

33.1.4.2	Procedure

a)	A number (not including "+ function") is entered and then a call is set up.



b)	After the SS has accepted the call the number displayed on the MS and the number received in the SS are compared.



c)	The NPI and TON are examined in the SS.



d)	Steps a) to c) are repeated, but in a), the number entered starts with the "+ function"



NOTE �seq note�11�:	This test may also be performed automatically using the EMMI.

33.1.5	Test requirements

1)	In step b), both numbers shall be identical



2)	In step c), the NPI shall be "E164" and the TON shall be "unknown".



3)	In step d), the NPI shall be "E164" and the TON shall be "international".



33.2	Indication of call progress signals

33.2.1	Definition and applicability

33.2.2	Conformance requirement

33.2.3	Test purpose

33.2.4	Ringing tone

33.2.4.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to j).



33.2.4.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 7).



2)	The ringing tone characteristics shall be as follows:



Tone	Frequency	Tolerance	Type

Ringing tone	425 Hz	15 Hz	Periodic�			tone on 1 s,�			silence 4 s



33.2.5	Busy tone

33.2.5.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to h).



b)	The SS then sends message DISCONNECT with cause number 17.



Message: DISCONNECT	(GSM 04.08, 9.3.7) to the MS:

Information element	Comment

Protocol discriminator	CM

Transaction identifier	MS orig.

Message type

Cause

- Coding standard	GSM

- Location	User

- Cause value	#17 "user busy"



33.2.5.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 5).



2)	After the reception of DISCONNECT a busy tone shall be generated. The busy tone characteristics shall be as follows:



Tone	Frequency	Tolerance	Type

Busy tone	425 Hz	15 Hz	Periodic�			tone on 500 ms,�			silence 500 ms



33.2.6	Congestion tone

33.2.6.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to h).



b)	The SS then sends message DISCONNECT with cause number 42.



	DISCONNECT message: As in 33.2.3.1 with cause value #42 "Switching equipment congestion" (0101010).



33.2.6.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 5).



2)	After the reception of DISCONNECT a congestion tone shall be generated.



3)	The congestion tone characteristics shall be as follows:



Tone	Frequency	Tolerance	Type

Congestion tone	425 Hz	15 Hz	Periodic�			tone on 200 ms,�			silence 200 ms



33.2.7	Authentication failure tone

33.2.7.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to e).



b)	After reception of message AUTHENTICATION RESPONSE the SS sends message AUTHENTICATION REJECT.



Message: AUTHENTICATION REJECT	(GSM 04.08, 9.2.1) to the MS:

Information element	Comment

Protocol discriminator	MM

Transaction identifier	not relevant

Message type



33.2.7.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 4).



2)	After reception of AUTHENTICATION REJECT a tone shall be generated indicating authentication failure.



3)	The authentication failure tone is the error/special information tone with characteristics as follows:



Tone	Frequency	Tolerance	Type

Error/Special	950 Hz	50 Hz	Triple tone�Information tone	1400 Hz	50 Hz	tones on 330 ms�	1800 Hz	50 Hz	silence 1.0 s



33.2.8	Number unobtainable tone

33.2.8.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to h).



b)	The SS then sends message DISCONNECT with cause number 1.



	DISCONNECT message: As in 33.2.3.1 with cause value #1 "Unassigned (unallocated) number" (0000001).



33.2.8.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 5).



2)	After reception of DISCONNECT a tone shall be generated indicating that the called number is unobtainable.



	The number unobtainable tone is the error/special information tone with characteristics as in 33.2.5.2.



33.2.9	Call dropped tone

33.2.9.1	Method of test

a)	According to section "Structured procedures, Mobile originating call, early assignment, Method of test", paragraphs a) to l). However, it shall be indicated in the system information messages that call re-establishment shall not be attempted (RACH control parameters).



b)	When the call has been established the SS stops transmitting on the TCH/SACCH.



33.2.9.2	Requirements

1)	According to section "Structured procedures, Mobile originating call, early assignment, Requirements", paragraphs 1) to 8).



2)	After the radio link timeout period has expired a tone shall be generated indicating that the call has been dropped.



	The call dropped tone characteristics shall be as follows:



Tone	Frequency	Tolerance	Type

Call dropped tone	425 Hz	15 Hz	Tone on 200 ms,�			silence 200 ms�			3 bursts of on/off



33.3	Network selection / indication

33.3.1	Definition and applicability

Network selection and indication is the ability of the MS to correctly select a network and display to the user in accordance with GSM 02.11.

The requirements and this test apply to all MS.

33.3.2	Conformance requirement

1)	Upon switching on, and when an IMSI is available, the MS shall select its Home PLMN and perform the cell selection procedure.



2)	If the Home PLMN is unavailable and the MS is in automatic PLMN selection mode, it shall attempt to select a suitable cell and accesses the PLMNs in turn, in the order of priority as stored in the SIM, when it looses radio coverage for its selected PLMN.



3)	The MS shall mark a PLMN, for which it has received a LOCATION UPDATING REJECT with the cause "PLMN not allowed", as forbidden on the SIM. The MS, when in automatic PLMN selection mode, shall not attempt to access a PLMN marked as forbidden on the SIM.



4)	No explicit conformance requirement. The requirement is implicit, because GSM 02.11 only describes selection of new PLMN for the following cases: 1) loss of radio coverage, and 2) search procedure at the user's request.



5)	If the MS loses radio coverage for its selected PLMN, and the MS is in automatic PLMN selection mode, it shall attempt to select its Home PLMN.



6)	The MS shall mark a PLMN, for which it has received a LOCATION UPDATING REJECT message with the cause "PLMN not allowed", as forbidden on the SIM. The MS, when in manual PLMN selection mode, shall be able to attempt to access a PLMN marked as forbidden on the SIM.



7)	If the Home PLMN is unavailable and the MS is in automatic PLMN selection mode, it shall attempt to select a suitable cell and accesses the PLMNs in turn, in the order of priority as stored in the SIM, upon switching on and when the IMSI is available.



8)	The MS shall delete a PLMN from the list of forbidden PLMNs, when a successful location update has been performed to that PLMN.



9)	Upon switching on, and when an IMSI is available, the MS shall select its Home PLMN and perform the cell selection procedure.



33.3.3	Test purpose

1)	To verify that the MS with SIM containing in the PLMN selector field at least one PLMN different from the Home PLMN, when in automatic PLMN selection mode, selects its Home PLMN, if available, upon switching on and when the IMSI is available. (This is verified by observation of the location updating procedure).



2)	To verify that the MS, when it looses radio coverage for its selected PLMN and in automatic PLMN selection mode, selects the PLMN with the highest priority among the PLMNs stored on the SIM, if the Home PLMN is unavailable.



3)	To verify that the MS, when in automatic PLMN selection mode with PLMN selector field containing a given PLMN, does not attempt to access that PLMN after having initiated a location updating procedure towards that network and having received a LOCATION UPDATING REJECT message with the cause "PLMN not allowed".



4)	To verify that the MS, when in automatic PLMN selection mode, does not select another PLMN if the selected PLMN is still available.



5)	To verify that the MS, when it looses radio coverage for its selected PLMN, and in automatic PLMN selection mode, selects its Home PLMN, if available.



6)	To verify that the MS, when in manual PLMN selection mode, is able to attempt an access to a PLMN for which it has previously received a LOCATION UPDATING REJECT with the cause "PLMN not allowed".



7)	To verify that the MS, upon switching on and when the IMSI is available, and in automatic PLMN selection mode, selects the PLMN with the highest priority among the PLMNs stored on the SIM, if the Home PLMN is unavailable.



8)	To verify that the MS again can perform automatic selection of a PLMN for which it has previously received a LOCATION UPDATING REJECT message with the cause "PLMN not allowed", when manual PLMN selection in the meantime has resulted in a LOCATION UPDATING ACCEPT message.



9)	To verify that the MS, when in manual PLMN selection mode, selects its Home PLMN, if available, upon switching on and when the IMSI is available.



33.3.4	Method of Test

Procedure 1: This procedure applies to both automatic and manual mode for PLMN selection.

Procedure 2: This procedure applies to the manual mode for PLMN selection.

33.3.4.1	Procedure 1

1a)	The MS is set up with a SIM which contains, in the "PLMN selector" data field, a list of 3 PLMN in the priority order PLMN2 (highest priority), PLMN3, PLMN4 (lowest priority). PLMN1 is the Home PLMN of the MS as defined in the IMSI. The "Forbidden PLMN" data field shall contain NULL values.



1b)	The SS transmits 4 BCCH carriers with the following parameters:



	PLMN	Level dBmVemf( )



Carrier 1	PLMN1	28

Carrier 2	PLMN2	33

Carrier 3	PLMN3	38

Carrier 4	PLMN4	43





	Each carrier has the "IMSI attach" (ATT) flag set in the BCCH data. (The purpose of this is to force the MS to do location updating whenever it is switched on, so that the SS can determine which PLMN has been selected).



	The other system information parameters are as in table 33-1.



1c)	The MS is brought into the "on" condition with automatic selection mode active.



1d)	The SS checks that the MS sends a "location updating request" on carrier 1.



1e)	The SS sends a "location updating accept" message to the MS on carrier 1. After 5 s, the MS "selected PLMN indicator" is checked.



1f)	The SS switches off carriers 1 and 2.



1g)	The SS checks that the MS sends a "location updating request" on carrier 3.



NOTE �seq note�22�:	Steps 1h) to 1j) test that the MS writes the forbidden PLMN to the correct location in the test SIM. The procedure will be invalid if the "forbidden PLMN" data field in the SIM does not contain NULL values at the start of the procedure.

1h)	The SS sends a "location updating reject" message on carrier 3 with the cause "PLMN not allowed".



1i)	The MS is turned off. The MS is brought into the "on" condition with automatic selection mode active.



1j)	The SS checks that the MS sends a "location updating request" on carrier 4. (PLMN3 should not be selected because it should have been written to the SIM "forbidden PLMN" data field in step 1h) above.)



1k)	The SS sends a "location updating accept" message on carrier 4. After 5 s, the MS "selected PLMN indicator" is checked.



1l)	Carriers 1 and 2 are turned on with the same parameters as in step 1b) above.



1m)	The SS checks that the MS does not send a "location updating request" on either carrier 1 or 2.



1n)	Carrier 4 is turned off. The SS then checks that the MS sends a "location updating request" on carrier 1.



1o)	The SS sends a "location updating accept" message on carrier 1. After 5 s, the MS "selected PLMN indicator" is checked.



1p)	Carrier 1 is turned off. After 30 s, the indication on the MS of available PLMN is checked.



1q)	PLMN3 is selected manually.



1r)	The SS checks that the MS sends a "location updating request" on carrier 3. (Although PLMN3 is in the "forbidden PLMN" list, it should still be able to be selected manually).



1s)	The SS sends a "location updating accept" message on carrier 3. After 5 s, the MS "selected PLMN indicator" is checked.



1t)	Carrier 3 is turned off. The "PLMN search procedure" is initiated manually. After 30 s, the indication on MS of available PLMN is checked.



1u)	The MS is turned off. Carrier 2 is turned off and carriers 3 and 4 are turned on with the parameters as in step 1b) above. The MS is brought into the "on" condition with automatic selection mode active.



1v)	The SS checks that the MS sends a "location updating request" on Carrier 3. (PLMN 3 should have been deleted from the SIM "forbidden PLMN" list in step 1u) above.)



1w)	The SS sends a "location updating accept" message on carrier 3. After 5 s, the MS "selected PLMN indicator" is checked.



1x)	Carrier 3 is turned off. The SS checks that the MS sends a "location updating request" on carrier 4.



1y)	The SS sends a "location updating reject" message on carrier 4 with the cause "location area not allowed".



1z)	The SS checks that the MS answers to the paging, with IMSI, to check that it camps on carrier 4 in accordance with GSM 05.08.



33.3.4.2	Requirements 1

Requirement 1.1) is mandatory for all MS. Requirements 1.2) and 1.3) only apply to MS with a human interface.

1.1)	The MS shall make a response as indicated in steps 1d), 1g), 1j), 1m), 1n), 1r), 1v), 1x) and 1z) above. In all cases, the MS shall respond within 30 s.



1.2)	The selected PLMN shall be indicated:



End of Step	1e)	1k)	1o)	1s)	1w)

PLMN indicated:	PLMN1	PLMN4	PLMN1	PLMN3	PLMN3



1.3)	The following PLMN shall be indicated as available:



Step 1p):	PLMN2,	PLMN3

Step 1t):	PLMN2



33.3.4.3	Procedure 2

2a)	The MS is set up with a SIM which contains NULL values in the "PLMN selector" data field. PLMN1 is the Home PLMN of the MS as defined in the IMSI. The "forbidden PLMN" data field shall contain PLMN3.



2b)	The SS transmits 4 BCCH carriers with the following parameters:



	PLMN	Level dBmVemf(  )



Carrier 1	PLMN1	28

Carrier 2	PLMN2	33

Carrier 3	PLMN3	38

Carrier 4	PLMN4	43



	Each carrier has the "IMSI attach" (ATT) flag set in the BCCH data. (The purpose of this is to force the MS to do location updating whenever it is switched on, so that the SS can determine which PLMN has been selected.)



	The other system information parameters are as in table 33-1.



2c)	The MS is brought into the "on" condition with manual selection mode active.



2d)	The SS checks that the MS sends a "location updating request" on carrier 1.



33.3.4.4	Requirements 2

2.1)	The MS shall make a response as indicated in step 2d). The MS shall respond within 30 s.



Table 33-1 : Normal system information fields

Parameter	Reference in GSM 04.08	Abbreviation	Normal setting

Cell Channel Description	10.5.2.1	-	Any values

Max retrans	10.5.2.17	-	1

Tx-integer	10.5.2.17	-	Any value

CELL_BAR_ACCESS	10.5.2.17	CBA	0 (i.e. no barred)

AC CN	10.5.2.17	AC	All 0

RE	10.5.2.17	RE	0 (i.e. re-estab-�			lishment allowed)

BA ARFCN	10.5.2.13	BA	One entry equal to �			the ARFCN of the�			 carrier

NCC	10.5.2.15	NCC	Any value

Cell Identity	10.5.1.1	-	Any value

MCC, MNC	10.5.1.3	PLMN	Ref. 33.3.2, 1b) �			and 33.3.2, 2b)

LAC	10.5.1.3	LAC	1111 (Hex)

ATT, B_AG_BLKS_RES,T3212,	10.5.2.8	-	ATT = '1'

CCCH_CONF			Other parameters �			any values.

BS_PA_MFRMS	10.5.2.8	BPM	5 frames

Cell Options	10.5.2.3	-	Any values

CELL_RESELECT_HYSTERESIS	10.5.2.4	CRH	10 dB

MS_TXPWR_MAX_CCH	10.5.2.4	MTMC	Maximum RF �			output power of �			MS.

RXLEV_ACCESS_MIN	10.5.2.4	RAM	-95 dBm



33.4	Invalid and blocked PIN indicators

33.4.1	Definition and applicability

The requirements and this test apply to all MS.

33.4.2	Conformance requirement

33.4.3	Test purpose

33.4.4	Method of test

33.4.4.1	Initial conditions

The MS contains a SIM with the PIN enabled, and the SIM unblocking counter set to zero by previous presentation of the personal unblocking key.

33.4.4.2	Procedure

a)	The MS is switched on.



b)	Three wrong PIN are entered.



	Activation may be either manual or via the EMMI.



33.4.5	Test requirements

For the first and second incorrect PIN the MS shall indicate that the PIN code has been rejected

For the third incorrect PIN the MS shall indicate that the PIN is blocked.

33.5	Service indicator

33.5.1	Definition and applicability

The requirements and this test apply to all MS.

33.5.2	Conformance requirement

33.5.3	Test purpose

33.5.4	Method of test

33.5.4.1	Initial conditions

a)	The MS is in idle mode, unregistered.



b)	The SS shall emulate perfect radio conditions so that the MS is able to register and to set up or receive a call.



33.5.4.2	Procedure

a)	The MS is brought in an active state by either switching it on or by inserting a SIM.



33.5.5	Test requirements

1)	The successful registration and the good condition shall be indicated by the MS indicator and by the SS.



33.6	Subscription identity management

33.6.1	Definition and applicability

Subscription identity management is the ability of the MS to prevent the establishment of MO (except MO emergency calls) and MT calls without a valid subscription.

The requirements and this test apply to all MS.

33.6.2	Conformance requirement

	An MS can only be operated, if a valid IMSI is present.



33.6.3	Test purpose

	To verify that an MS without SIM card will not accept an incoming call.



33.6.4	Method of test

33.6.4.1	Initial conditions

33.6.4.2	Procedure

a)	A call is set up.



b)	(Reserved).



c)	Either

(i)	The SIM is removed.

(ii)	Where this is not possible, the MS is powered down, the SIM is removed and the MS is powered on.

The SS observes whether or not the MS performs IMSI detach.



d)	An attempt to establish a MO call is made (not an emergency call).



e)	An attempt to establish a MT call is made.



33.6.5	Test requirements

1)	In step c(i), the MS shall perform an IMSI detach.

	In step c(ii), the MS may perform an IMSI detach.



2)	In step d) the MS shall not attempt to set up a new call via the Um interface.



3)	In step e), the MS shall not attempt to set up a new call via the Um interface.



33.7	Barring of outgoing calls

33.7.1	Definition and applicability

The barring of outgoing calls is an optional feature. It is the ability of the MS to prevent all MO calls except emergency calls.

The requirements and this test apply to all MS supporting this feature.

33.7.2	Conformance requirement

	An MS may have an optional facility to bar outgoing calls. Such barring facility shall not prevent the transmission on emergency calls.



33.7.3	Test purpose

	To verify that an MS for which a local facility to bar outgoing calls has been declared as being implemented, is able to establish an emergency call if this facility is activated.



33.7.4	Method of test

33.7.4.1	Initial conditions

33.7.4.2	Procedure

a)	The local facility to bar outgoing calls is activated.



b)	Via MMI, the MS is actioned to establish an emergency call.



33.7.5	Test requirements

1)	The MS shall establish an emergency call.



33.8	Prevention of unauthorized calls

33.8.1	Definition and applicability

The prevention of unauthorized calls is an optional feature in the MS. It is the ability of the MS to prevent unauthorized use by using a key or keyword protection facility. When activated the MS does not prevent the establishment of except emergency calls.

The requirements and this test apply to all MS supporting this feature.

33.8.2	Conformance requirement

	An MS may have an optional facility to prevent unauthorized use. Such facility shall not prevent the transmission on emergency calls.



33.8.3	Test purpose

	To verify that an MS for which a local facility to prevent unauthorized use has been declared to be implemented, is able to establish an emergency call, if this facility is activated.



33.8.4	Method of test

33.8.4.1	Initial conditions

33.8.4.2	Procedure

a)	The local facility to restrict operation such that the MS can only be operated by using a key or a keyword is activated. The most restrictive situation is created.



b)	Via MMI, the MS is actioned to establish an emergency call.



33.8.5	Test requirements

1)	The MS shall establish an emergency call.







Page �page �11981192��GSM 11.10 v.4.12.0: July 1995



Page �page �11971193��GSM 11.10 v.4.12.0: July 1995








