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Performance evaluation of VoIP utilizing SSN based PAN-reporting
1 Introduction

A work item for Latency Reduction was agreed on at GERAN#30. The work item was divided into reduced TTI and improved Ack/Nack reporting, see ‎[8]. The latter part includes event based reporting of Ack/Nack information and the possibility to piggyback Ack/Nack information on radio blocks intended for data. 
There are different suggestions on how to construct the piggybacked Ack/Nack reports as has been shown in ‎[5] and ‎[6], based on either a time referenced bitmap or a Starting Sequence Number, SSN, referenced bitmap. In this paper, e2e VoIP performance is evaluated based on the SSN based bitmap reporting, and it is shown that the performance requirements for VoIP are met down to C/I = 9 dB.
2 Piggybacked Ack/Nack, PAN

The PAN of size 20 bits is assumed to consist of one bitmap of size 12 bits. The different fields of the PAN segment used in the simulations are shown in Figure 1. For a more detailed description on PAN structure and functionality, see ‎[6].
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Figure 1. Fields of a PAN segment.

2.1 Channel coding

In Figure 2 a schematic picture of the channel coding is shown. The current RLC block sizes and defined puncturing has been used also for the different modulation and coding schemes, MCSs, when including a PAN. However, if a PAN is included there will be an additional puncturing of the data bits, making the data less robust. For the convolutional encoding of the PAN segments, tail biting has been used. The size of the CRC used is 6 bits. 
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Figure 2. Channel coding of MCS including a PAN.
The code rate of the PAN segments in the protocol simulations have been chosen differently depending on the modulation of the MCS, see Table 1. This could further be extended to having different code rates for each header type or even each MCS. The code rates for different MCSs are left FFS and is also discussed in ‎[4].
3 RLC non-persistent mode 

The VoIP service is operating in RLC-non-persistent mode, which is achieved by having a timer at both sending and receiving side. The timer is started at the transmitting side upon the first transmission of a given RLC block with a certain block sequence number, BSN. When the timer expires, the block is discarded whether it may have been positively acknowledged or not. Similarly, on the receiving side, any RLC block that has not been successfully received before the timer expires will be considered lost and any related LLC-PDU will be delivered as erroneous to higher layers. The RLC window size will be dependent on the number of re-transmissions possible (given the latency requirements of the service), the number of TS allocated to the user and the RTT of the system. The RLC window size used is 64.
4 VoIP
The VoIP service is run in RLC non-persistent mode, where the non-persistent timer value is chosen so that an end-2-end delay for the speech frames remains below a maximum of 300 ms. 
The requirements of the VoIP service are: end-2-end speech frame delay of maximum 300 ms and frame erasure rate, FER, of ≤ 2 %.
Only 10 ms TTI has been considered in the simulations since BTTI will not be able to fulfill the VoIP requirements at radio conditions close to the cell border (if not blind retransmissions are used, which will consume excessive bandwidth) as shown in ‎[7]. The reduced TTI is achieved by dual carrier in the DL and by dual time slot in the UL.
The simulations have been conducted in a single-user scenario. Single-user means, in this context, that there is only one mobile assigned per packet channel. Thus, more users can be served by one base station or cell (and even TRX) and the results in this section are still applicable. The mobile is assigned with 4 timeslots downlink and 4 timeslots uplink in all scenarios. 
In order to evaluate the gain of using the PAN feature, an unacknowledged data service is also active in the opposite direction. Thus, in event based mode it will be possible for the VoIP service to piggyback its control messages on the data.

It is assumed that the LLC frames (IP-packets) are delivered in sequence from the receiver in each link. E.g. in the UL the frames are put in-sequence at the BSC before delivered to the CN, thus they will be delivered in-sequence from the BSC on the DL.

4.1 Evaluation

The VoIP service is evaluated by:
1. Speech frame delays

2. FER (e2e) of VoIP-packets, which is equivalent to the FER of speech frames.

3. RLC throughput in the Ack/Nack feedback channel .
5 Link Simulations

A state-of-the art link level simulator has been used to evaluate the effect on the link performance when a separately coded PAN is piggybacked on the data. The simulator settings are shown in Annex ‎A.1.

Simulations have been conducted with different code rates of the PAN as shown in Table 1. Code rates have been chosen to make the PAN more robust than the header but less robust than the data.
Table 1. Code rates of the segments in the PANs used in the link simulations.

	Modulation
	Uncoded bits
	Punctured bits
	Code rates

	GMSK
	20
	37/44
	0.70/0.59

	8PSK
	20
	38/58/78
	0.68/0.45/0.33


5.1 Results

In this section simulation results are shown for MCS-2 and MCS-5 when a PAN of one segment (20 bits) is included in the radio block. Table 2 summarizes the link level performance.
Table 2. Link level performance of MCS-2 in different PAN settings. C/I @ 10% BLER is shown.

	MCS
	no PAN
	PAN, R = 0.70 / 0.45*
	PAN, R = 0.59 / 0.33*

	
	
	Data BLER
	PAN BLER
	Data BLER
	PAN BLER

	MCS-2
	8.5
	10.0
	9.0
	10.4
	6.3

	MCS-5
	11.2
	11.6
	10.9
	11.8
	8.5


* The different PAN code rates are for GMSK / 8PSK
The performance of the data is hardly affected by the chosen code rates of the PAN, given that a PAN is included. It is worth noting that this is very dependent on the size of the PAN and on which MCS it is piggybacked on. 
The PAN BLER is largely affected by the code rate, where a difference of around 3 dB @ BLER 10 % can be seen. NOTE: The PAN BLER should have small variations for different MCSs utilizing the same modulation, given that the interleaving depth of the PAN is the same.

There is a large difference, about 2 dB, in performance between the header and the PAN of R = 0.33 for MCS-5 (although the code rate of the header also is R = 0.33), see ‎Annex B, This is mainly due to the bit-swapping performed for the header that swaps the weak header bit positions after the interleaver to improve the header BLER performance. The bit-swapping does not only improve the header performance but it also worsens the performance of the data and PAN.
6 Protocol Level Simulations
The latency performance evaluations have been done using a protocol simulator that implements and models the full (E)GRPS protocol stack, up to and including LLC layer functionality. The simulator allows for control of RLC/MAC related functionality such as scheduling, polling procedures, MCS selection, etc. It is also possible to control timeslot assignment and allocation as well as how the mapping of individual radio bursts is done onto the physical carrier. The radio channel is modeled by a pre-generated C/I-trace that serves as an input to a link-simulator module, which generates header and block errors depending on current C/I-values, MCS selection, IR retransmissions etc. A collection of the more important simulation parameters used is given in ‎A.2.
VoIP has been simulated in two different radio environments and MCS choices, as specified in Table 3 below. 

Table 3. Mean C/I and MCS for VoIP simulations.

	C/I
	MCS

	9
	2

	15
	5


The speech coding used in the VoIP simulations are summarized in Table 4 below.

Table 4. Speech coding assumptions for VoIP

	Parameter
	Value

	Speech coding
	AMR 7.95

	Speech frames / IP packet
	2

	IP packet size
	56 bytes

	ROHC
	active


Two different Ack/Nack reporting schemes have been evaluated:

1. Legacy Ack/Nack reporting (reference case)
· Legacy polls are sent every 12th RLC block. End-of-data-polls / final block indicator / retransmission polls are used when the respective transmitter buffer is empty.

2. Event+Forced (Event based reporting)
· A piggybacked Ack/Nack can be sent when:
i. An event is triggered, i.e. out-of-sequence detection or erroneous decoding of RLC-data block.

ii. A legacy report would be sent in case 1.
The PAN code rates used in the protocol simulations have been R = 0.59 for MCS-2 and R = 0.33 for MCS-5.

The simulations have been carried out both with and without receiver diversity in the UL. The scenario simulated was interference limited, thus IRC has been used as receiver algorithm.
7 Results
In the investigated scenarios, the VoIP service is evaluated by speech frame delays and FER values. Below, in Table 5, are FERs for the two scenarios as specified in Table 3.
Table 5. FER [%] for RLC non-persistent transmission.
	Reporting Scheme
	MCS-2, C/I=9dB
	MCS-5, C/I = 15 dB

	
	no IRC
	IRC
	no IRC
	IRC

	Legacy (1)
	1.6
	0.7
	~ 0.0
	~ 0.0

	Event based (2)
	1.4
	0.6
	~ 0.0
	~ 0.0


It can be seen that the requirements of 2 % are met in all cases. However, at C/I = 9 dB, without receiver diversity, the FER is around 1.5 %. When diversity is used in the UL the FER requirements are well below 2 %. At C/I = 15 dB no FER is seen.
Also, the speech frame delay has been investigated for the different scenarios (delay in CDF based on frames received and discarded). 
Table 6. Speech frame delay

	Reporting scheme
	MCS-2, C/I=9 dB
	MCS5, C/I=15 dB

	
	no IRC
	IRC
	no IRC
	IRC

	
	Min
	Med
	95th
	Min
	Med
	95th
	Min
	Med
	95th
	Min
	Med
	95th

	Legacy
	127
	147
	237
	127
	142
	220
	127
	137
	153
	127
	137
	152

	Event based
	127
	147
	237
	127
	142
	220
	127
	137
	153
	127
	137
	152


It is seen that the required e2e delay of 300 ms is well met at the 95th percentile for all scenarios. Using receiver diversity in the UL will lower the delays even further. At C/I=15 dB the jitter is very small with a difference of approximately 25 ms between the minimum delay and the 95th percentile. NOTE: The condition used for legacy reporting implies that polling will be done for almost all IP-packets because of empty transmission buffer.
The VoIP service has also been evaluated in the opposite direction quantifying the throughput impact in the reverse direction. The throughput is evaluated on the Ack/Nack feddback channel, i.e. using RTTI implicates 2 TS/TDMA frame for dual time slot transmission (UL) and 1 TS/TDMA frame and carrier for dual carrier transmission (DL).
Table 7. Throughput on Ack/Nack feddback channel for VoIP [kbps].

	Reporting Scheme
	MCS-2, C/I=9dB
	MCS-5, C/I = 15 dB

	
	No IRC
	IRC
	no IRC
	IRC

	Legacy 
	12.6
	15.0
	29.8
	31.8

	Event based
	18.2
	21.7
	41.1
	43.8

	Gain [%]
	44
	45
	38
	38


NOTE: In these simulations there will always be traffic in the opposite direction of the VoIP service and thus it is always possible to piggyback the Ack/Nacks on the data. RLC blocks to piggyback the Ack/Nack information on could be, e.g. VoIP packages in the opposite direction, TCP Ack/Nacks, RTCP messages, SID-frames or MMS upload. 
7.1 NACK range of PAN

For the event based case, 2, it has been investigated whether the PAN size could be decreased and still be large enough to fulfill the VoIP requirements. A smaller PAN would result in less loss in link performance for the data the Ack/Nack is piggybacked on.

Figure 3 shows the PDF for the NACK range at the receiver for DL VoIP and no IRC at C/I = 9 dB (worst case in the investigated scenarios).
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Figure 3. PDF of NACK range at MS for DL VoIP @ C/I = 9 dB and no receiver diversity.

It can be seen that almost 90 % of the PANs only try to NACK 1 or 2 consecutive BSNs (2 MCS-2 blocks are transmitted / IP-packet). Thus to have a PAN with a bitmap of length 5 (→ 13 bit PAN) would be sufficient to get the same results as presented with a 20 bit PAN.

Worth noting is that the NACK range at the receiver will depend on the radio condition, PAN reporting strategy, MCS, IP-packaging and speech coding parameters used. However, MCS-2 @ C/I = 9 dB can be seen as a worst case scenario.

8 Conclusions

In this contribution a VoIP service over GERAN Evolution has been evaluated at different radio conditions. 

It was seen that the VoIP requirements of 300 ms e2e delay at ≤ 2 % FER is fulfilled down to, at least, C/I = 9 dB in the investigated scenario. Without receiver diversity in the UL the FER is quite close to 2 % (1.6 % for Legacy reporting), but when introducing diversity the requirements are well met.
Also, the possible size of the PAN was investigated. Even though a 20 bit PAN, with a bitmap of 12 bits, was used, a bitmap of 5 bits would have given identical results. 
The throughput of a data service in the opposite direction of the VoIP was also evaluated to see the gains of using piggybacked Ack/Nacks. A throughput gain of approx 40-45 % was seen in the Ack/Nack feddback channel at both good (C/I=15 dB) and bad (C/I=9 dB) radio conditions.
From the results presented in this contribution it is Ericsson’s view that the VoIP requirements of 300 ms maximum speech delay at FER ≤ 2 % is met at C/I = 9 dB using SSN based PAN reporting. Also, to minimize the effect on link level performance, a VoIP optimized PAN should be used where a bitmap of approximately 5 bits would be sufficient. 
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Annex A Simulation Assumptions
A.1 Link Level Simulator

The following parameter settings for the link level simulator have been used:

Table 8. Link level simulator settings.

	Parameter
	Value

	Channel profile
	Typical Urban (TU)

	Terminal speed
	3 km/h

	Frequency band
	900 MHz

	Frequency hopping
	Ideal

	Interference
	Co-channel

	Direction
	Uplink

	Antenna diversity
	Single 

	Equalizer
   - 8PSK
	Decision Feedback Seq. Est. (DFSE)



	Impairments:

– Phase noise

– I/Q gain imbalance

–I/Q phase imbalance

– DC offset

– Frequency error

– PA model
	Tx / Rx

0.8 / 1.0   [degrees (RMS)]

0.1 / 0.2   [dB]

0.2 / 1.5   [degrees]

-45 / -40  [dBc]

  -   / 25   [Hz]

Yes/   -


A.2 Protocol Level Simulator
For the protocol simulator the following parameters have been used:

Table 9. Protocol level simulator settings.

	Parameter
	Value
	Comment

	Radio Conditions
	TU3iFH, C/I 9dB and 15dB
	-

	RLC re-transmission scheme
	RLC non-persistent mode


	Limit to 1 retransmission for VoIP service

	RRBP (for legacy reporting)
	10ms TTI: 6/7
	These values correspond to 20ms reaction time in the mobile for an RRBP poll (after reception of the RRBP poll block).

	AMR encoding delay
	40+15 = 55ms
	Only applicable to the VoIP cases.

40ms speech (2*AMR frames) packed into one IP packet plus 15ms processing time. 

	AMR decoding delay
	15ms
	Only applicable to the VoIP cases.

Processing time.

	Abis delay, UL/DL
	10/10
	Abis improvement from today’s 20 ms.

	TTI
	10ms
	Applicable both to data and RLC/MAC control signaling.

	Application data to Um synchronization, UL/DL
	0..10/0..10 
	Um slot waiting time UL and DL in a single-user case.

	Preemptive retransmissions, UL
	On
	If mobile is USF scheduled it will transmit not already reported received blocks.

	RLC transmit window size [RLC blocks]
	64
	RLC non-persistent mode

	Piggybacked Ack/Nack, PAN
	20 bits


	The PANs are coded separately with separate CRCs. 

	Code rate of PAN
	0.59

0.33
	GMSK

8PSK

	Ack/Nack reporting
	Legacy Ack/Nack reporting

Legacy Ack/Nack reporting + possibility to use event based Ack/Nack
Event based ach/nack
	Legacy polls are sent every 12th RLC block. End-of-data-polls are used when the transmitter buffer is empty.

The legacy reporting is seen as a ‘forced poll’ in event based mode

Control messages are only sent if triggered by an event.



	MCS
	2,5
	2 and 5 used for VoIP

	Receive diversity
	y / n
	Receive diversity on the UL, utilized with IRC.


Annex B Link Level results
[image: image4.png]BLER

10

v Header BLER
—No PAN

=—PAN 20 bits, R = 0.70
—PAN 20 bits, R = 0.59

A, [dB]





Figure 4. MCS-2. A PAN with one segment of 20 bits (uncoded) is inserted in the radio block. Data BLER (solid), PAN BLER (dashed).
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Figure 5. MCS-5. A PAN with one segment of 20 bits (uncoded) is inserted in the radio block. Data BLER (solid), PAN BLER (dashed).
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Additional puncturing depending on size of PAN. Only applied when including PAN.
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