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1. Introduction

It is shown theoretically and via system simulations that HARQ is very important for achieving reliable performance for heavy VoIP loads.  An efficient control channel structure and means for limiting HARQ feedback is needed to support large populations of VoIP users.
2. Theoretical VoIP Capacity with HARQ Benefit
VoIP traffic can be characterized as repetitive transmission of small number of packets with fixed low delay constraint (e.g. 40 usec).  For example, each VoIP user based on the AMR codec can generate: 

· a new voice packet every 20 ms along with RTP/UDP/RLC-Security compressed header or

· a SID packet every 160 ms along with RTP/UDP/RLC-Security compressed header or 

· a 40-44 byte ROHC (uncompressed header) packet every ‘k’ seconds 

Table 1 shows possible payload sizes for different AMR Codec bit rates and specific header assumptions. It is seen that a voice packet of 28 bytes is needed to support 7.95 Kbps AMR for expected headers and CRC.
Table 1 – Possible E-UTRA Voice Packet + Header sizes for AMR Codec 
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244 204 159 148 134 118 103 95

1 39 34 28 27 25 23 21 20

2 69 59 48 45 42 38 34 32

3 100 85 68 64 59 53 47 44

4

130 110 88 82 75 67 60 56

RTP/UDP Header Size* 

(ROHC, Bytes)

3

PDCP Header Size** (Bytes)

0

RLC/Security Header Size          

(Bytes)

2

CRC/UEID***                     

(Bytes)

3

No. Speech Frames 

Concatenated

  * 

includes 2-byte UDP checksum required for IPv6

  ** 

PDCP not needed if no VoIP packet aggregation in RAN

  *** As small as 1 byte if only for covering RLC/Security header with UDP 

checksum covering voice packet and other headers and per UE or per Group 

scrambling used for ID.

AMR FR Codec Bit Rate (kbps)

20ms Encoder Payload (Bits)

20ms SPEECH Frame Size (Bytes, excl. 6bit CRC)


**** Transport layer at top of stack (UDP in this case) creates checksum for RTP/UDP packet such that 2-byte UDP checksum cannot cover RLC/Security header since it comes much later in the stack.
Using a Shannon bound approach for a E-UTRA 1.25MHz system (case 4 as described by the simulation assumptions in 25.814 -- see also Annex A for cell layout assumptions) it is possible to compute the number of transmissions required for successfully transmitting a 28-byte packet for a randomly selected transmission gain (T)
. The benefit of HARQ is accounted for by assuming +2 dB incremental increase in SINR for the soft combining of each Chase retransmission. Slow power control is applied in de-rating power (PCoffset) from the maximum UE transmit power of +23 dBm (Pmax). It is also assumed that a fast fading + interference variation margin (FadingMargin) of +6 dB (2 rise variation) is acceptable given Round Robin scheduling with interference avoidance. An interference noise rise (rise over thermal or RoT) of +21 dB (95%-ile rise level) is also assumed in the achievable SINR computation which is given as:  
SNRachievable = PCoffset + Pmax+T - NoW - RoT + Rxdiv_gain – FadingMargin
(1)

Based on these assumptions, Table 2 shows the percentage of locations in the system and the number or fractional number of 5 symbol (375 sub-carrier) transmissions that are needed for successful delivery of a 28-byte packet.  Based on Table 2 then the average number of 28-byte packet transmissions (average is over entire simulation space) that can be supported per 0.5 ms TTI is:
Theoretical: 3.17 users/0.5msTTI for 7.95Kbps AMR and ~5% outage

Given there are forty 0.5 ms sub-frames in a 20 ms AMR codec interval then on average:

126 full rate 7.95Kbps AMR VoIP users/sector can be supported
Given an effective voice activity of 0.55 (accounting for voice activity and the overhead due to infrequent transmission of uncompressed 40-44 byte ROHC headers) then a theoretical upper bound for VoIP Erlang capacity for a 1.25MHz Case 4 carrier is:
 

229 VoIP Erlangs/sector (=126/0.55) for 7.95Kbps AMR codec
Table 2 – Average #of 5 symbol transmissions for successful 28-byte payload
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0 0 0.00%

0.2 2761 48.44% 48.44% 2.422

0.4 958 65.25% 16.81% 0.420

0.6 548 74.86% 9.61% 0.160

0.8 296 80.05% 5.19% 0.065

1 251 84.46% 4.40% 0.044

2 542 93.96% 9.51% 0.048

3 155 96.68% 2.72% 0.009

4 54 97.63% 0.95% 0.002

5 32 98.19% 0.56% 0.001

6 28 98.68% 0.49%

7 14 98.93% 0.25%

8 17 99.23% 0.30%

9 0 99.23% 0.00%

10 6 99.33% 0.11%

11 3 99.39% 0.05%

More 35 100.00% 0.61%

Avg # 28-byte packets sched. per sub-frame: 3.17


One way the theoretical capacity can be achieved is to group VoIP users needing similar time frequency resources. For example, VoIP users needing only one 75 sub-carrier symbol for successful transmission of their 28-byte voice packet could be grouped together on the same sub-frame transmission which based on Table 2 above would occur up to 48% of time.
3. Efficient HARQ Control Channel support for VoIP

Calculations shown in the previous section indicate that for EUTRA, a large number of VoIP users can be supported in each cell. However, as the number of users increases, control channel signaling required to assign and distribute resources for these users also increases significantly. Therefore for VoIP, it is critical that the control channel overhead is minimized as much as possible. One possible approach would be to not allow retransmissions (no HARQ). Calculations shown in the previous section and simulation results (shown in next section) clearly indicate that VoIP capacity without HARQ would be very low. Therefore, it is desirable to use HARQ for VoIP (albeit with minimum possible overhead). Control overhead associated with HARQ is typically in the form of 

· ACK/NACK feedback
· MCS & user assignment information

· CQI feedback

ACK/NACK feedback can be limited to 1 bit per user. For instance, a  NACK can be  communicated as +1 and ACK is DTX. MCS overhead can be reduced by allowing only a small set of MCSs with semi-blind detection to identify MCS type. Persistent scheduling can be used to avoid recurring HARQ assignment signaling. CQI feedback can be reduced by utilizing group scheduling concepts described in R1-060398. 
4. Simulated VoIP Capacity with/without HARQ Benefit
This section presents results from uplink system simulations that were carried out to study dependence of VoIP capacity on HARQ retransmissions. The VoIP simulations were based on EESM link error mapping approach.  All users in the simulated system use 7.95Kbps AMR VoIP in a 3km/h TU channel. Carrier bandwidth of 1.25MHz is assumed (Case 4 in Table 1). ROHC compressed VoIP headers are assumed but the occasional full header transmissions for ROHC synchronization are not modeled. A 2-state Markov model was used to model the speech source such that on average 32% of the time full rate speech (28-byte) packets are generated and on average the other 68% of the time (11-byte) SID packets are generated and transmitted. Perfect ACK/NACK feedback is assumed. CQI feedback is not assumed. Full Chase combining is assumed with HARQ retransmissions. In each 0.5ms EUTRA subframe, 5/7th of resources are made available for user data, rest are reserved for control and pilot overhead. Other system simulation details are listed in Annexes A and B. Figure 1 shows simulation results. It can be seen that HARQ with maximum possible retransmissions of 4 is needed to reliably support up to 100 simultaneous 7.95Kbps AMR VoIP users in a 1.25 MHz carrier. Without HARQ re-transmissions much less than 50 VoIP Erlangs/sector can be supported.
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Figure 1 – VoIP Capacity for different # of maximum possible retransmissions and different Outages
5. Conclusion

It was shown that HARQ is needed to achieve high VoIP capacity. Efficient control channel attributes were discussed that would support high VoIP sector loading.  It is concluded that HARQ and associated efficient control channel structures should be proposed for VoIP in E-UTRA. 

Some of the methods of minimizing control overhead for VoIP include:
· NACK feedback is used for VoIP where NACK is +1 and ACK is DTX

· CQI feedback is replaced with a periodic group membership change indication 

· UE or Node-B initiate membership changes due to changes in channel quality/power margin for given resource allocation

· Each group can be assigned a specific resource allocation to be shared by all VoIP Users
· Persistent scheduling is used to avoid recurring HARQ assignments

· 1-bit control for DL and 1-bit control for UL per UE

· Finite set of MCSs are allowed with semi-blind detection used and information from 1-bit control
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----------------------- Start of Text Proposal -----------------------------------------------

7.1.2.3

HARQ
Downlink hybrid ARQ should be based on Incremental Redundancy. Note that Chase Combining is a special case of Incremental Redundancy and is thus implicitly supported as well.
The capability of adaptively being able to change the packet format (i.e., adaptive IR) and the transmission timing (i.e., asynchronous IR) yields an adaptive, asynchronous IR based HARQ operation. Such a scheme has the potential of optimally allocating the retransmission resources in a time varying channel. For each HARQ retransmission, control information about the packet format needs to be transmitted together with the data sub-packet.

Synchronous HARQ transmission entails operating the system on the basis of a predefined sequence of retransmission packet format and timing. 

The benefits of synchronous HARQ operation when compared to adaptive, asynchronous IR based HARQ operation are: 

· Reduction of control signalling overhead.

· Lower operational complexity.

· Possibility to soft combine control signalling information across retransmissions for enhanced decoding performance.
H-ARQ techniques may be used, together with efficient scheduling schemes (such as persistent scheduling) designed to reduce associated signalling, to evaluate systems capacity for scenarios with large number of VoIP users.  

HARQ is also needed to achieve high VoIP capacity. Given the large population of VoIP users expected for heavy cell loading and the likelihood of large number of simultaneous VoIP transmissions by users with good channels on the same 0.5 ms subframe and the periodic nature of VoIP packet arrival then an efficient control channel structure is needed that minimizes and supports HARQ signaling and supports persistent scheduling. 

----------------------- End of Text Proposal -----------------------------------------------

----------------------- Start of Text Proposal -----------------------------------------------

9.1.2.5
HARQ
Uplink hybrid ARQ should be based on Incremental Redundancy. Note that Chase Combining is a special case of Incremental Redundancy and is thus implicitly supported as well.
The capability of adaptively being able to change the packet format (i.e., adaptive IR) and the transmission timing (i.e., asynchronous IR) yields an adaptive, asynchronous IR based HARQ operation. Such a scheme has the potential of optimally allocating the retransmission resources in a time varying channel. For each HARQ retransmission, control information about the packet format needs to be transmitted together with the data sub-packet.

Synchronous HARQ transmission entails operating the system on the basis of a predefined sequence of retransmission packet format and timing. 

The benefits of synchronous HARQ operation when compared to adaptive, asynchronous IR based HARQ operation are: 

· Reduction of control signalling overhead.
· Lower operational complexity.
· Possibility to soft combine control signalling information across retransmissions for enhanced decoding performance.
Therefore, for the purpose of the feasibility study, synchronous HARQ operation is assumed for the SC-FDMA based E-UTRA uplink. The impact of ACK/NAK signalling errors on synchronous HARQ operation needs further study.

Adaptive asynchronous HARQ is for further study.
H-ARQ techniques may be used, together with efficient scheduling schemes (such as persistent scheduling) designed to reduce associated signalling, to evaluate systems capacity for scenarios with large number of VoIP users.  

HARQ is also needed to achieve high VoIP capacity. Given the large population of VoIP users expected for heavy cell loading and the likelihood of large number of simultaneous VoIP transmissions by users with good channels on the same 0.5 ms subframe and the periodic nature of VoIP packet arrival then an efficient control channel structure is needed that minimizes and supports HARQ signaling and supports persistent scheduling. 

----------------------- End of Text Proposal -----------------------------------------------

ANNEX A – Simulation Assumptions and Cell Layout

In Tallinn the simulation assumptions in [RP-050634] were created for evaluating uplink macro-diversity (MD) and other cell edge enhancements.  These are largely a subset of those given in 25.814.  RP-050634 effectively augments in the Simulation Case table in 25.814 to include a case 5 to cover the 5MHz case and is reflected below in Table 1. Due to simulation run time issues for VoIP we chose to use Case 4 which is consistent with assumptions used in our previous results [R1-050717].
Table 1 – UTRA and EUTRA Simulation Case Minimum Set

	Simulation
	CF
	ISD
	BW
	PLoss
	Speed

	Cases
	(GHz)
	(meters)
	(MHz)
	(dB)
	(km/h)

	1
	2.0
	500
	10
	20
	3

	2
	2.0
	500
	10
	10
	30

	3
	2.0
	1732
	10
	20
	3

	4
	0.9
	1000
	1.25
	10
	3

	5
	2.0
	1732
	5
	20
	3


Table 2 – Macro-cell system simulation baseline parameters

	Parameter
	Assumption

	Cellular Layout
	Hexagonal grid, 19 cell sites, 3 sectors per site

	Inter-site distance (ISD)
	1000m (case 4)

1732m (case5)

	Distance-dependent path loss
	L=I + 37.6log10(.R), R in kilometers

I=128.1 – 2GHz,   I=120.9 - 900MHz

	Lognormal Shadowing
	Similar to UMTS 30.03, B 1.41.4 

	Shadowing standard deviation
	8 dB

	Correlation distance of Shadowing
	50 m  (See D,4 in UMTS 30.03)

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration Loss  
	10 dB – Case4,    20dB – Case5

	Antenna pattern (horizontal)

(For 3-sector cell sites with fixed antenna patterns)
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	Carrier Frequency / Bandwidth mode
	900MHz / 1.25MHz – Case4

2.0GHz / 5MHz – Case5

	Channel model
	Typical Urban (TU)

	UE speeds of interest
	3km/h

	Total BS TX power (Ptotal)
	43dBm

	UE power class
	21dBm (FB) and 24dBm (VoIP)

	Inter-cell Interference modelling
	UL: Explicit modelling (all cells occupied by UEs), 

	Antenna Bore-sight points toward flat side of cell (for 3-sector sites with fixed antenna patterns)
	


	Users dropped uniformly in entire cell
	


	Minimum distance between UE and cell
	>= 35 meters


Table 3 – Other Simulation conditions

	Simulation method
	UL EUTRA System simulation  - with wraparound

	AMC
	ON (any MCS with 0.25<MPR<3.33)

MPR = modulation x encoding rate

	HARQ
	Full Chase
with N=6 Stop-and-Wait HARQ protocol

	Antenna Diversity
	2 antennas

	Receiver
	DFT-SOFDM/IFDMA/OFDMA 

	Channel & Delay dependent scheduling
	Round Robin -- Frequency Non-selective (TDM) – See Annex B
(UL CQI not used)

	Evaluation method
	As per 25.913 and 25.814. 

1. For VoIP use CDF of user residual FER

2. For other traffic, compare sector throughput for same user throughput outage criteria (user packet call 5% CDF point). 

3. Also compare user throughput for same sector throughput level.

	User Bandwidth
	1.25 Mhz – case 4,  5.0MHz - case 5

	Traffic Model
	1. VoIP                        

2. Full Buffer 

3. 64Kbps streaming   

4. Gaming                   

VoIP description:

- 28 byte voice packets (with headers) generated every 20ms

- average voice activity of 0.35 with SID (11 bytes) every 160ms

- 2 state Markov full rate speech source model – VAF=0.3175

	Power Control 
	Slow Power Control with Interference Avoidance

	Multipath interference
	Ideal suppression

	Handover add / delete threshold
	4 dB, 6 dB

	Link Mapping
	EESM 


ANNEX B – Scheduler Description




 SEQ MTSec \r 1 \h \* MERGEFORMAT 

 SEQ MTChap \r 1 \h \* MERGEFORMAT 

At time t, a user has the fairness coefficient as  MACROBUTTON MTEditEquationSection2 Equation Chapter 1 Section 1, where R(t) is the instantaneous rate, T(t) is the average throughput, D(t) is the delay-sensitive factor, and 
[image: image7.wmf]a

 is a delay coefficient. The average throughput is updated as
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 MACROBUTTON MTPlaceRef \* MERGEFORMAT (1.1)

And the delay-sensitive factor is updated as
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 MACROBUTTON MTPlaceRef \* MERGEFORMAT (1.2)

where 
[image: image10.wmf]t

is the delay, 
[image: image11.wmf]0

t

is the delay threshold, and c is a scaling factor.   For Full Buffer traffic D(t)=1 and other than 1 for VoIP traffic (i.e. delay sensitive traffic).
ANNEX C – System Simulation Results
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� Transmission gain (T) consists of lognormal shadowing, Node-B and UE antenna gains, penetration loss, and pathloss.
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