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[bookmark: _Toc19265852][bookmark: _Toc92883364][bookmark: _Toc92883764][bookmark: _Toc130817659]7.13	Jitter buffer management behaviour (handset, headset and electrical interface UE)
[bookmark: _Toc19265853][bookmark: _Toc92883365][bookmark: _Toc92883765][bookmark: _Toc130817660]7.13.0	General
For speech-only with LTE, NR or WLAN access, a jitter buffer is used in receiving to handle the variation in packet receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the definition of jitter buffer and minimum performance requirements on JBM.
The test method in clause 7.13.3 is used to assess the requirement on JBM performance.The test method is used to characterize different possible strategies and trade-offs in the design of JBM implementations used in MTSI terminals.

[bookmark: _Toc19265854][bookmark: _Toc92883366][bookmark: _Toc92883766][bookmark: _Toc130817661]7.13.1	Delay histogramVoid
For this test it shall be ensured that the call is originated from the UE.
NOTE 1:	Differences have been observed between UE-originated calls and UE-terminated calls. For better consistency, calls from the UE are used.
The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt its jitter buffer. The third CSS is used for measuring the delay in constant-delay condition, and the speech signal is used for delay and quality measurement in the packet impairment condition.
Constant delay Tc corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two measurement phases and realistic conditions for the second measurement test phase.
In receiving direction, the delay between the electrical access point of the test equipment and the reference point (RP), TTEAP-RP(t) = TR-jitter(t) + TTER, is measured in two successive phases:
1)	First the delay in constant-delay condition TTEAP-DRP-constant is measured as described in steps 1 to 4, clause 7.10.2/7.10.2a/7.10.2b, using the third CSS signal. The constant delay Tc is subtracted from TTEAP-RP to obtain TR-constant.
2)	Then the delay with packet impairment TR-jitter(t) is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.
The reference point is defined as follows:
-	for handset and headset UE, the reference point is the DRP.
-	for electrical interface UE, the reference point is the input of the electrical reference interface.
Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be established for each packet impairment condition.
The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction (compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with DTX enabled in the reference client.
NOTE 2: RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission.
For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -16 dBm0 measured at the digital reference point or the equivalent analogue point.
For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech level of -16dBm0, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centered within a 4.0s time window, which results in an overall duration of 32.0s. The sequences are repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the test sentences in sequence may be used.
For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at each sentence of the stimulus file, is used. The process is repeated for each sample. For each cross correlation, the maximum of the envelope is obtained producing one delay value per sentence.
The UE delay in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the first bit of the corresponding speech frame at the system simulator antenna, TTER, from the measured TTEAP-DRP(t).
The difference DT between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and the delay TR-constant measured for the CSS signal in constant delay condition is calculated. The quantity "Call-to-Call Variability Adjustment" (CCVA) = max(0,DT) shall be added to the obtained delay for the speech signal TR-jitter(t).
The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured CCVA-adjusted values (TR-CCVA(t) = TR-jitter(t) + CCVA) with a step of 20 ms. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(TR-CCVA(t=1...40)/20)*20)
hi=max(ceil(TR-CCVA(t=1...40)/20)*20)
[n,x]=hist(TR-CCVA(t=1...40),lo:20:hi)
bar(x,n)
The TR-CCVA values for all 40 sentences shall also be reported in the test report.
NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls. This synchronization is attributed to the UE receiving delay according to the definition of the UE delay reference points.  The effect of this possible call-to-call variation is taken into account with the CCVA = max(0,DT) value.

[bookmark: _Toc19265855][bookmark: _Toc92883367][bookmark: _Toc92883767][bookmark: _Toc130817662]7.13.2	Speech quality loss histogramVoid
For the evaluation of speech quality loss in conditions with packet arrival time variations and packet loss, the speech test signal described in clause 7.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss metric:
-	A recording obtained in jitter and error free conditions with the test signal described in clause 7.13.1 (reference condition)
-	A recording obtained during the application of packet arrival time variations and packet loss as described in clause 7.13.1 (test condition)
The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation P.863 [44] in super-wideband mode. For narrowband speech, the method according to Appendix III of P.863 [44] shall be used. Level pre-alignment to -26 dBov of recordings shall be used – see P.863.1 clause 10.2 [45].
NOTE: For the analysis of acoustical measurements, ITU-T P.863 [44] assumes diffuse-field equalized recordings. For this reason, signals at DRP are diffuse-field corrected for testing handset and headset UE. For electrical interface UE, only the level pre-alignment is applied.
A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
hi=max(ceil(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
[n,x]=hist(MOS-LQOtest condition(i=1...20),lo:0.1:hi)
bar(x,n)
The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863 algorithm on each sentence pair.
7.13.3	Delay and speech quality in conditions with packet arrival time variations (handset, headset, electrical interface UE)
The test method is the same as in clause 7.10.4.
The test profiles are defined in Annex F.




[bookmark: _Toc19265919][bookmark: _Toc92883445][bookmark: _Toc92883845][bookmark: _Toc130817740]8.13	Jitter buffer management behaviour (handset, headset and electrical interface UE)
[bookmark: _Toc19265920][bookmark: _Toc92883446][bookmark: _Toc92883846][bookmark: _Toc130817741]8.13.0	General
For speech-only with LTE, NR or WLAN access, a jitter buffer is used in receiving to handle the variation in packet receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the definition of jitter buffer and minimum performance requirements on JBM.
The test method in clause 8.13.3 is used to assess the requirement on JBM performance.The test method is used to characterize different possible strategies and trade-offs in the design of JBM implementations used in MTSI terminals.

[bookmark: _Toc19265921][bookmark: _Toc92883447][bookmark: _Toc92883847][bookmark: _Toc130817742]8.13.1	Delay histogramVoid
For this test it shall be ensured that the call is originated from the UE.
NOTE 1:	Differences have been observed between UE-originated calls and UE-terminated calls. For better consistency, calls from the UE are used.
The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt its jitter buffer. The third CSS is used for measuring the delay in constant-delay condition, and the speech signal is used for delay and quality measurement in the packet impairment condition.
Constant delay Tc corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two measurement phases and realistic conditions for the second measurement test phase.
In receiving direction, the delay between the electrical access point of the test equipment and the reference point (RP), TTEAP-RP(t) = TR-jitter(t) + TTER, is measured in two successive phases:
1)	First the delay in constant-delay condition TTEAP-DRP-constant is measured as described in steps 1 to 4, clause 8.10.2, 8.10.2a/8.10.2b using the third CSS signal. The constant delay Tc is subtracted from TTEAP-RP to obtain TR-constant.
2)	Then the delay with packet impairment TR-jitter(t) is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.
The reference point is defined as follows:
1)	for handset and headset UE, the reference point is the DRP.
2)	for electrical interface UE, the reference point is the input of the electrical reference interface.
Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be established for each packet impairment condition.
The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction (compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with DTX enabled in the reference client.
NOTE 2: 	RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission.
For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -16 dBm0 measured at the digital reference point or the equivalent analogue point.
For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech level of -16dBm0, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centered within a 4.0s time window, which results in an overall duration of 32.0s. The sequences are repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the test sentences in sequence may be used.
For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at each sentence of the stimulus file, is used. The process is repeated for each sample. For each cross correlation, the maximum of the envelope is obtained producing one delay value per sentence.
The UE delay in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the first bit of the corresponding speech frame at the system simulator antenna, TTER, from the measured TTEAP-DRP(t).
The difference DT between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and the delay TR-constant measured for the CSS signal in constant delay condition is calculated. The quantity "Call-to-Call Variability Adjustment" (CCVA) = max(0,DT) shall be added to the obtained delay for the speech signal TR-jitter(t).
The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured CCVA-adjusted values (TR-CCVA(t) = TR-jitter(t) + CCVA) with a step of 20 ms. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(TR-CCVA(t=1...40)/20)*20)
hi=max(ceil(TR-CCVA(t=1...40)/20)*20)
[n,x]=hist(TR-CCVA(t=1...40),lo:20:hi)
bar(x,n)
The TR-CCVA values for all 40 sentences shall also be reported in the test report.
NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls. This synchronization is attributed to the UE receiving delay according to the definition of the UE delay reference points.  The effect of this possible call-to-call variation is taken into account with the CCVA = max(0,DT) value.

[bookmark: _Toc19265922][bookmark: _Toc92883448][bookmark: _Toc92883848][bookmark: _Toc130817743]8.13.2	Speech quality loss histogramVoid
For the evaluation of speech quality loss in conditions with packet arrival time variations and packet loss, the speech test signal described in clause 8.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss metric:
-	A recording obtained in jitter and error free conditions with the test signal described in clause 8.13.1 (reference condition)
-	A recording obtained during the application of packet arrival time variations and packet loss as described in clause 8.13.1 (test condition)
The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation P.863 [44] in super-wideband mode. Level pre-alignment to -26 dBov of recordings shall be used – see P.863.1 clause 10.2 [45].
NOTE:	For the analysis of acoustical measurements, ITU-T P.863 [44] assumes diffuse-field equalized recordings. For this reason, signals at DRP are diffuse-field corrected for testing handset and headset UE. For electrical interface UE, only the level pre-alignment is applied.
A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
hi=max(ceil(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
[n,x]=hist(MOS-LQOtest condition(i=1...20),lo:0.1:hi)
bar(x,n)
The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863 algorithm on each sentence pair.
8.13.3	Delay and speech quality in conditions with packet arrival time variations (handset, headset, electrical interface UE)
The test method is the same as in clause 8.10.4.
The test profiles are defined in Annex F.






[bookmark: _Toc19265991][bookmark: _Toc92883530][bookmark: _Toc92883930][bookmark: _Toc130817825]9.13	Jitter buffer management behaviour (handset, headset and electrical interface UE)
[bookmark: _Toc19265992][bookmark: _Toc92883531][bookmark: _Toc92883931][bookmark: _Toc130817826]9.13.0	General
For MTSI-based speech-only with LTE, NR or WLAN access, a jitter buffer is used in receiving to handle the variation in packet receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the definition of jitter buffer and minimum performance requirements on JBM.
The test method in clause 9.13.3 is used to assess the requirement on JBM performance.The test method is used to characterize different possible strategies and trade-offs in the design of JBM implementations used in MTSI terminals.
[bookmark: _Toc19265993][bookmark: _Toc92883532][bookmark: _Toc92883932][bookmark: _Toc130817827]9.13.1	Delay histogramVoid
For this test it shall be ensured that the call is originated from the UE.
NOTE 1: Differences have been observed between UE originated calls and UE-terminated calls. For better consistency, calls from UE are used.
The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt its jitter buffer. The third CSS is used for measuring the delay in constant-delay condition, and the speech signal is used for delay and quality measurement in the packet impairment condition.
Constant delay Tc corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall be added at the beginning of the different delay/loss profiles, to avoid unnecessary delay jumps between the two measurement phases and realistic conditions for the second measurement test phase. In receiving direction, the delay between the electrical access point of the test equipment and the reference point (RP), TTEAP-RP(t) = TR-jitter(t) + TTER, is measured in two successive phases:
1)	First the delay in constant-delay condition TTEAP-DRP-constant is measured as described in steps 1 to 4, clause 9.10.2/9.10.2a/9.10.2b, using the third CSS signal. The constant delay Tc is subtracted from TTEAP-RP to obtain TR-constant.
2)	Then the delay with packet impairment TR-jitter(t) is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.
The reference point is defined as follows:
- for handset and headset UE, the reference point is the DRP.
- for electrical interface UE, the reference point is the input of the electrical reference interface.
Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be established for each packet impairment condition.
The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction (compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with DTX enabled in the reference client.
NOTE 2: 	RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission.
For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -16 dBm0 measured at the digital reference point or the equivalent analogue point.
For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech level of -16dBm0, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centred within a 4.0s time window, which results in an overall duration of 32.0s. The sequences are repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the test sentences in sequence may be used.
For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at each sentence of the stimulus file, is used. The process is repeated for each sample. For each cross correlation, the maximum of the envelope is obtained producing one delay value per sentence.
The UE delay in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the first bit of the corresponding speech frame at the system simulator antenna, TTER, from the measured TTEAP-DRP(t).
The difference DT between maximum receiving delay obtained with at least 5 individual calls (see clause 9.10.2) and the delay TR-constant measured for the CSS signal in constant delay condition is calculated. The quantity "Call-to-Call Variability Adjustment" (CCVA) = max(0,DT) shall be added to the obtained delay for the speech signal TR-jitter(t).
The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured CCVA-adjusted values (TR-CCVA(t) = TR-jitter(t) + CCVA) with a step of 20 ms. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(TR-CCVA(t=1...40)/20)*20)
hi=max(ceil(TR-CCVA(t=1...40)/20)*20)
[n,x]=hist(TR-CCVA(t=1...40),lo:20:hi)
bar(x,n)
The TR-CCVA values for all 40 sentences shall also be reported in the test report.
NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls. This synchronization is attributed to the UE receiving delay according to the definition of the UE delay reference points.  The effect of this possible call-to-call variation is taken into account with the CCVA = max(0,DT) value.

[bookmark: _Toc19265994][bookmark: _Toc92883533][bookmark: _Toc92883933][bookmark: _Toc130817828]9.13.2	Speech quality loss histogramVoid
For the evaluation of speech quality loss in conditions with packet arrival time variations and packet loss, the speech test signal described in clause 9.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss metric:
-	A recording obtained in jitter and error free conditions with the test signal described in clause 7.13.1 (reference condition)
-	A recording obtained during the application of packet arrival time variations and packet loss as described in clause 9.13.1 (test condition)
The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation P.863 [44] in super-wideband mode. Level pre-alignment to -26 dBov of recordings shall be used – see P.863.1 clause 10.2 [45].
NOTE: 	For the analysis of acoustical measurements, ITU-T P.863 [44] assumes diffuse-field equalized recordings. For this reason, signals at DRP are diffuse-field corrected for testing handset and headset UE. For electrical interface UE, only the level pre-alignment is applied
A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
hi=max(ceil(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
[n,x]=hist(MOS-LQOtest condition(i=1...20),lo:0.1:hi)
bar(x,n)
The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863 algorithm on each sentence pair.
9.13.3	Delay and speech quality in conditions with packet arrival time variations (handset, headset, electrical interface UE)
The test method is the same as in clause 9.10.4.
The test profiles are defined in Annex F.




[bookmark: _Toc19266059][bookmark: _Toc92883611][bookmark: _Toc92884011][bookmark: _Toc130817906]10.13	Jitter buffer management behaviour (handset, headset and electrical interface UE)
The test method is the same as in super-wideband (see clause 9.13, observing the test signal properties for fullband described in clause 5.4).
[bookmark: _Toc92883612][bookmark: _Toc92884012][bookmark: _Toc130817907]10.13.0	General
The test method is the same as in super-wideband (see clause 9.13, observing the test signal properties for fullband described in clause 5.4).

The same considerations as described in clause 9.13.0 apply for fullband mode. The test methods are the same as in super-wideband (see clause 9.13, observing the test signal properties for fullband described in clause 5.4).
[bookmark: _Toc92883613][bookmark: _Toc92884013][bookmark: _Toc130817908]10.13.1	Delay histogramVoid
The test method are the same as in super-wideband (see clause 9.13.1, observing the test signal properties for fullband described in clause 5.4).

[bookmark: _Toc92883614][bookmark: _Toc92884014][bookmark: _Toc130817909]10.13.2	Speech quality loss histogramVoid
For further study.
NOTE:	Version 2.4 of Recommendation ITU-T P.863 [44] referenced in the present document was developed and validated for applications up to super-wideband bandwidth. Version 3.0 (or later) provides support for several fullband applications and may be used in this clause.
10.13.3	Delay and speech quality in conditions with packet arrival time variations (handset, headset, electrical interface UE)
The test method is the same as in clause 10.10.4.
The test profiles are defined in Annex F.




[bookmark: _Toc19266081][bookmark: _Toc92883636][bookmark: _Toc92884036][bookmark: _Toc130817932]Annex F (normative):
Packet delay and loss profiles for jitter buffer management behaviour
[bookmark: _Toc19266082][bookmark: _Toc92883637][bookmark: _Toc92884037][bookmark: _Toc130817933]F.1	General
This Annex provides packet delay and loss profiles to be inserted on the IP packets in the test system when testing the UE delay and speech quality for speech-only with LTE or, WLAN, or NR access in jitter and error conditions, to characterise evaluate the jitter buffer management behaviour. The profiles are based on the assumption that one IP packet corresponds to 20ms of the speech sequence. In order to preserve the synchronization of the elements in the profile and the timing of the speech sequence (e.g. the RTP time stamp) when the speech codec does not produce one packet every 20ms, e.g. during speech codec DTX operation, the profiles needs to be sub-sampled in accordance with the rate of production of the packets containg the speech frames.
[bookmark: _Toc19266083][bookmark: _Toc92883638][bookmark: _Toc92884038][bookmark: _Toc130817934]F.2	Packet delay and loss profiles
[The profiles listed in Table F.1 are under consideration.
Table F.1: Packet delay profiles.
	Delay and Loss profile
	Packet loss (%) 
	Description

	dly_artificial_volte_profiledly_profile_volte
	0.425
	See Annex F.3Real VoLTE capture

	NOTE:	The profile is constructed based on considerations from realistic packet impairments observed on LTE. It does not include any packet loss for better disentanglement between JBM and PLC performance.

	dly_ext_profile_error_profile_1
	0
	MTSI profile #1 [19] extended to 8000 frames

	dly_ext_profile_error_profile_2
	0.2375
	MTSI profile #2 [19] extended to 8000 frames

	dly_ext_profile_error_profile_3

	0.475
	MTSI profile #3 [19] extended to 8000 frames

	dly_ext_profile_error_profile_4

	2.25
	MTSI profile #4 [19] extended to 8000 frames

	dly_ext_profile_error_profile_6

	0
	MTSI profile #6 [19] extended to 8000 frames

	NOTE1: MTSI profile #5 is not included because it assumes frame bundling, which may not be supported by test equipments.
NOTE2: MTSI profiles have a length of 7500 frames; they have been extended to 8000 frames by appending the first 500 values at the end of the profile.



Since the model simulates the packet transmission end-to-end, the delay profiles include a packet delay component that according to the definition of the UE delay in 3GPP TS 26.131 [1] is not attributed to the UE delay. This delay shall be included in the test equipment delay when deriving the UE delay from the delay measurements based on the cross-correlation of the injected and measured signals. Values for the compensation attributed to the packet delay profiles are shown in Table F.2.
Table F.2: Packet delay profiles compensation values.
	Delay and Loss profile
	Compensation value 

	dly_artificial_volte_profiledly_profile_volte
	1620 ms

	
	


]

F.3	Methodology to construct a profile based on impairments observed in live LTE operation
The following methodology has been used to construct the profile dly_artificial_volte_profile:
Step 0: identification of most sensitive active speech packets
Condition 0 from delay tests is recorded to obtain a reference PCAP file. A single packet loss is applied on each individual active speech packet of the PCAP file and the impaired PCAP file is decoded; the MOS-LQO score is measured for each packet, and the most sensitivity active speech packets are identified with respect to packet loss at a sentence level.
Step 1: set a fixed delay applied to all packets of 160 ms
Step 2: add jitter bursts
Apply an extra delay of 100 ms to 2.81% among most sensitive active speech packets in each sentence; when this extra delay of 100 ms is applied to packet N, the subsequent packets N+1, N+2, N+3 and N+4 are also delayed by respectively 81, 62, 43 and 24 ms to avoid adding packet order impairments
NOTE: There are 4 double sentences repeated 5 times, there are 4 impaired packets in each sentence, except one sentence with 5 impaired packets because this sentence is longer than other sentences. This results in 165 impaired packets.
Step 3: add packet inversions
Select 2.81% among most sensitive active speech packets in each sentence (outside the set of packets impaired in step 2) and add an extra delay of 21 ms to simulate an inversion; if packet N is selected to be inverted, packet N+1 is not impaired.
Step 4: add duplications
Select 2.81% among most sensitive active speech packets in each sentence (outside the set of packets impaired in steps 2 and 3) and add a duplicate with an extra delay of 1 ms





Replace jbm_characterisation_profiles.zip (including current profiles) by new zip including new profile “dly_artificial_volte_profile.dly”


End of changes

