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1 Introduction
The delay budget for VoIP in HSPA, and especially the fixed delay component, were discussed in the SA4#41 meeting, ‎[1]. Both the “Characterization of Adaptive Jitter Management Performance for VoIP Services” and the “Performance Characterization of VoIMS over HSDPA\EUL Channels” work items require that the fixed delay component is agreed before the subjective conversational (real-time) tests can start. At the SA4#41 meeting, Ericsson agreed to provide information that can be used to resolve this issue.
A detailed example delay budget is described in this contribution. Note that many delay components are vendor specific and therefore depend on how the respective functions are implemented. This is especially true for the HARQ and scheduling functions, which are the major contributors to the delay jitter.
2 Example delay budget and description

The following description outlines one example delay budget for end-to-end VoIP calls in HSPA when the uplink uses 10 ms TTIs, see also ‎[2] and ‎[3].
	Uplink (EUL 10 ms TTI)
	Delay
	Downlink (HSDPA)
	Delay

	AMR encoder
	35 ms
	AMR decoder
	5 ms

	UE L1/L2 processing
	5 ms
	UE L1/L2 processing
	10 ms

	TTI alignment
	0 – 10 ms
	-
	-

	Uu interleaving
	10 ms
	Uu interleaving
	2 ms

	UL re-TX
	0 – 80 ms
	DL Scheduling
	5 – 100 ms

	RNC/Iub/Node B
	10 ms
	RNC/Iub/Noted B
	10 ms

	Iu + Gi
	5 ms
	Gi + Iu
	5 ms

	Sum min UL
	65 ms
	Sum min DL
	37 ms

	Sum max UL
	155 ms
	Sum max DL
	132 ms


Table 1. Example delay budget for VoIP in HSPA
The different delay components are described below:

· The AMR encoder and decoder delay components includes: buffering time, due to the frame length (20 ms); look-ahead (5 ms); and processing time (10 ms and 5 ms for uplink and downlink respectively).

· The layer 1 and 2 processing time includes the following protocol layers: Packet Data Convergence Protocol (PDCP); Radio Link Control (RLC); Medium Access Control (MAC); and the Physical (PHY) layer.

· The TTI alignment delay component is needed in uplink since the packet may need to be buffered to align the transmission to the frame structure of the radio interface. Note that it is possible to adjust the speech encoder framing period to the air interface framing period to get 0 ms TTI alignment delay. Note also that EUL may use 2 ms TTIs, which would reduce this value to 0 – 2 ms. For downlink, the TTI alignment delay is included in the DL Scheduling delay and is therefore not specified as a separate delay component in this delay budget.

· The Uu interleaving consists of the actual transmission over the air interface, 10 ms and 2 ms for uplink and downlink respectively. The delay for the uplink can be reduced by using 2 ms TTIs.
· HARQ re-transmissions add only to the jitter but not to the fixed delay component. For uplink, since 10 ms TTIs are used in this example delay budget, the re-transmission time is estimated to 40 ms and that at most 2 re-transmissions are performed before the packet is dropped. Note that the allowed number of re-transmissions, and thus the delay jitter, will be different for different implementations.

· For downlink, the re-transmission time is included in the variable part of the DL Scheduling delay. In this case, it is assumed that the packet is dropped if it is delayed more than 100 ms in the scheduler. Note that this delay is the sum of scheduling delay and re-transmission delays. Note also that the scheduler is vendor specific and thus the delay, and especially the variable part, depends entirely on how different vendors choose to implement it.
· The RNC/Iub/Node B delay number describes the RAN delays, i.e. Node B and RNC processing times and transmission delays in-between these nodes.
· The Core Network delay is included in the Iu+Gi delay component.

· Note that delay for the backbone network is not included.

With this delay budget, the end-to-end packet delays will be in the 102 – 287 ms range. The packet delay can thus be divided into:
· A fixed part, which is identical to the minimum delay, i.e. 102 ms.

· A variable part, which corresponds to the jitter, and is in the 0 – 185 ms range.

3 Comments to ‎[4]
Section 2 of ‎[4] suggests that the packet delay should be:
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Note the zero-mean terminology for the jitter.
Using zero-mean jitter has several consequences:
· The average delay jitter value has to be calculated for each delay trace.
· One can expect that the average will be different for different delay traces.

· The average delay jitter value has to be removed from the delay traces so that the average is zero. The current delay profiles have only positive values, ‎[6].
· This means that roughly half of the individual packet delay values in the delay traces will actually be negative. This is confusing.

· The average delay jitter value has to be added to the fixed delay component.

· The so called “fixed delay” will thus contain some components that are fixed and some that are variable, which is confusing.
· Different delay traces will have different average values. The test labs need to apply different values for different delay trace when executing the tests. This increases the risk for errors.

It is Ericsson’s opinion that it is better to use a fixed delay that only includes the fixed delay components, as suggested by the delay budget in Table 1, and that all variable components are included in the delay traces. This is a more logical solution and more appropriate, given the chosen terminology.

The fixed delay will then also be identical for all test cases and the delay traces will only contain values that are zero or higher. This reduces the risk that the test labs make any errors when executing the tests.
Section 3 of ‎[4] suggests basing the “fixed delay” on the average and the median delay statistics measured in a latency test of pings in a live HSPA system. However, average and median statistics are, per definition, not fixed values and the real fixed delay value is certainly less than both the average delay and the median delay values (i.e. less than 70 ms in this case). Since S4-060232 does not include any information on the minimum delays, nor does it include any information on the packet delay distribution, it is impossible to conclude on any suitable value for the fixed delay component using these statistics. The delay budget in Table 1 does however provide values that can be used for the fixed delay value, i.e. the minimum delay.
In section 4 of ‎[4], the AMR encoder and decoder delays (fixed components) are estimated. It should be noted that the real-time environment used in the conversation testing will add these (fixed) delays when executing the test since the speech needs to be encoded and decoded in real-time. These delay components must therefore be removed from the fixed delay when the test labs specify the value to be used in the real-time test environment.
Section 4 also includes a playback delay of 20 ms. However, an optimized real-time client implementation does not need any playback delay, or at least very close to zero, since the speech frames should be consumed from the jitter buffer and decoded as late as possible in order to maximize the performance of the jitter buffer. For the real-time test environment, one should however expect that some playback delay is required, due to limitations in the operating system and sound cards. But if the test environment require more playback delay than a real client needs, then this extra playback delay must be removed from the fixed delay to compensate for the fact that the test environment adds more delay that a real client would do.
Section 6 of ‎[4] suggest to use 240 ms for the fixed delay. This is clearly a too high value, given the example delay budget above. The fixed delay component should instead be selected based on the minimum delay in Table 1, which is 102 ms. Since the minimum delay can be reduced further, by using shorter TTIs in uplink, a suitable value for the fixed delay is in the 85 – 105 ms range (rounded values).
4 Proposal
It is proposed to use 100 ms as the fixed delay component in the test plan for the conversation tests, ‎[5]. Note that the algorithmic delay of the AMR encoder and decoder needs to be removed from this value since these fixed delay components will be added by the simulation environment. One must also compensate for any additional fixed delay that may be introduced by the sound card playback function in the test equipment.
To remove any risk for errors, all variable delay components should be incorporated in the delay traces and the fixed delay component, with modifications due to speech encoder and decoder processing time and any extra playback delay, should be hard-coded into the test equipment.
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