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1 Introduction
This contribution addresses the delay requirement for UE’s in GSM and UMTS Circuit Switched mode for AMR and AMR-WB.
The one-way transmission delay (mouth-to-ear) is an important speech quality characteristic of a telecom system (see e.g. [1]) and it is considered that any delay that is added by an element in the transmission chain should be well motivated. This is reflected in the 3GPP GSM specification 43.050 [2] where the delay requirement for the UE is specified with a reference to a delay budget of a fictive UE implementation.

Any measurement of the delay introduced by the UE may include variations due to effects outside the UE implementation, e.g. introduced by the measurement system or due to the operation of network elements being part of the measurement process. Such variations are suggested to be evaluated with any proposed measurement method to be described in 3GPP TS 26.132, and if they are found to be significant it is proposed to add a tolerance to the measurement method rather than adding these variations to the requirements. 
2 Discussion
The delay budget presented in [2] is based on the design of early UE’s in GSM systems, and does not fully reflect how UE’s are systemized today and the signal processing that is applied in the UE to enhance the speech quality. 
With reference to the UE systemization in [2], a delay budget for a fictive UE serving as the base for requirements on the UE delay in 3GPP TS 26.131 for GSM and UMTS Circuit Switched mode for AMR and AMR-WB is presented in Table 1.
The updates to 3GPP TS 43.050 delay budget are motivated as follow:

· The 5ms for the look ahead of the AMR and AMR-WB encoders is added to Tsample.
· The time for signal processing (speech enhancement and source coding), Ttransc and Tproc, is set to 10 ms each (a total sum of 20 ms processing delay) to allow for full utilization of the processing capacity of the CPU, and/or a reduced clock speed to lower the power consumption. If the processing on RX and TX are performed on different processors the maximum delay is 20ms on each link (resulting in a total sum of 40 ms). There is however a trade of between complexity/power consumption and delay, and it is considered that increasing the delay should not always be the first choice, hence a total sum of 20 ms is considered as a good compromise between flexibility in design and overall delay. 
To accommodate for any implementation’s specific delay of the speech processing algorithms (e.g. echo cancellation and noise reduction), 2.5 ms is added to the pure processing time on each link, resulting in a total RX and TX speech processing delay (including pure processing delay and algorithmic delay) of 25 ms.
· The time for AD/DA conversion handling, Ta/d and Td/a, is updated to 5 ms each to allow for an AD/DA front end not solely optimized for speech. This includes also any delay introduced for e.g. sample rate conversion.
· The time for implementation dependent system entities, Tmargin, is updated on both links to 5 ms to reflect the more complex structure of the UE software compared to early GSM devices.
· The radio interface related parameters, Trftx and channel encoding Tencode and Trxproc, are rounded upwards to the nearest 5ms. 
Table 1: UE delay budget.

	
	TS 43.050
	TS 26.131 proposal (GSM/UMTS CS)

	
	DL
	UL
	DL
	UL

	Tpcm
	The duration of a segment of PCM speech for the downlink processing delay. 
	20
	
	20
	

	Trftx
	The time required for transmission of a TCH radio interface frame over the air interface due to the interleaving and de‑interleaving (system dependent).
	37.5
	
	40
	

	Trxproc 
	The time required after reception over the air interface to perform equalization, channel decoding and SID frame detection (implementation dependent). 
	8.8
	
	10
	

	Tproc* 
	The time required after reception of the first RPE‑sample to process the speech encoded data for the full rate speech decoder and to produce the first PCM output sample (implementation dependent). 
	1.5
	
	12.5*
	

	Tmargin 
	An allowance for system entities that are implementation dependent.
	3
	
	5
	

	Td/a
	Delay in the digital to analogue converter in the uplink.
	1
	
	5
	

	Ta/d 
	Delay in the analogue to digital converter in the downlink.
	
	2
	
	5

	Tmargin 
	An allowance for system entities that are implementation dependent.
	
	3
	
	5

	Tsample
	The duration of the segment of PCM speech operated on by the speech transcoder.
	
	20
	
	20+5

	Ttransc*
	The speech encoder processing time, from input of the last PCM sample to output of the final encoded bit (implementation dependent).
	
	8
	
	12.5*

	Tencode 
	The time required for the channel encoder to perform channel encoding (implementation dependent). 
	
	1.6
	
	5

	Trftx
	The time required for transmission of a TCH radio interface frame over the air interface due to the interleaving and de‑interleaving (system dependent).
	
	37.5
	
	40

	UE delay on link
	71.8
	72.1
	92.5
	92.5

	* Tproc and Ttransc is proposed to also include time for speech processing (including implementation’s specific delay of the algorithm) such as echo cancellation and noise reduction and the allocated time can be distributed between the RX and TX processing within a total sum of Tproc and Ttransc 


3 Conclusion and proposal

In this contribution we have addressed the delay requirement for UE’s in GSM and UMTS Circuit Switched mode for AMR and AMR-WB. We have laid down an update to the analysis of the UE delay budget. This analysis shows a budget of 185ms for the UL/DL UE round trip delay. We therefore propose to set such requirement in TS 26.131 for both GSM and UMTS CS modes. 

In addition, considering UE delay measurement accuracy, it may be relevant to consider adding a margin in the UE delay measurement specified in TS 26.132.
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