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Introduction:

This contribution examines HSDPA system throughput performance for different voice and data loading based on dynamic system simulation using a quasi-static approach. The contribution shows significant HS-DSCH throughput may be achieved using the remaining power and OVSF resources after voice and overhead channels have been served.  The contribution further shows that voice FER does not suffer due to burstiness of HS-DSCH channel for low to moderate packet data user loading. Finally, it examines the effect of voice loading on modulation level utilization and its dependence on the selected call model. 

Simulation Results:

For fixed number of 12.2kbit/s voice users per sector, the number packet data users was varied and voice FER and data throughput statistics were measured. A maximum C/I scheduler and a modified ETSI source model [1] (bursty web browsing model ) were applied to the best effort packet data service. The voice user source model was a simple two state Markov model described in Annex A to emulate voice activity.  In the simulation, voice users had a 10ms TTI and were fast forward power controlled at a 1500Hz update rate and operated with 2 antenna open loop transmit diversity (STTD). The speed distribution parameters and channel model for the voice users are given in Annex C.  Approximately, 12 voice users per sector is 25% of total available downlink voice capacity based on the 12.2kbit/s AMR vocoder and. 24 voice users per sector uses about 50% of the total available voice capacity.

The dynamic simulations shows that significant HS-DSCH throughput may be achieved using the residual power and OVSF code resources. For a web browsing model and maximum C/I scheduler, dynamic simulation results indicate that for the same data load, the average sector throughput degrades by 16% for 12 voice erlangs and 26% for 24 voice Erlangs.  This trend agrees with earlier voice and data analysis performed in [4] which assumed infinite queue call model.  The average OTA throughput degraded by approximately the same percentage as the voice user capacity utilization (see Table 1). The degraded OTA throughput is mainly due to the reduction in achievable peak rate (see Figures 3 and 6).  Average sector service throughput and average packet call throughput degrade to a lesser extent although residual packet error rate is larger especially for the 24 voice user case.

Figures 1 and 2 show that there was no difficulty in achieving average voice user FER of 1% as the number of packet data users was increased. Figure 7 shows that voice frame erasure burstiness is not a problem either. At the higher data loads there was less interference variation and hence a tighter voice FER distribution. 

Figures 3 through 6 examine the AMC level utilization for different call models and scheduling algorithms. The higher level modulations are more often used with an inifinite queue call model then with the bursty web browsing model.  The results show that as the voice and data load is increase, the use of 64 QAM is significantly reduced.

Conclusion:

Using remaining power and OVSF resources after serving voice and overhead channels is an effective method of achieving significant HS-DSCH throughput.  Voice FER does not suffer due to burstiness of HS-DSCH channel for low to moderate packet data user loading.   While QAM usage is significantly reduced with a voice load, the use is already low due to the traffic data model used (modified ETSI [2] or also referred to a the Web Browsing Call Model).  Average sector service throughput and average packet call throughput also degrade to a lesser extent since HS-DSCH utilization is still less than 100%.
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Table 1. Data Throughput reduction and utilization increase for different Voice and data loading levels where data user has a 3kph Rayleigh Channel with FRP=0.98.
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Table 2. Data Throughput and FER changes for different Voice Loads

where data user has a 3kph Rayleigh Channel with FRP=0.98.
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Figure 1. Voice FER Distribution for fixed number of voice users (12 voice ue/sector) and different number of data users (12, 37, 56 HSDPA ue/sector).
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Figure 2. Voice FER Distribution for fixed number of voice users (24 voice ue/sector) and different number of data users (12, 37, 56 HSDPA data ue/sector)
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Figure 3. Probability of MCS selection for different voice loading (0, 12 and 24 voice users per sector) given 12 packet data (WBC) users per sector.
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Figure 4. Probability of MCS selection for different voice (0, 12 and 24 voice users per sector) and data loading.
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Figure 5. Probability of MCS selection for different voice (0, 12 and 24 voice users per sector) and data loading and different call models (IQC – infinite queue call model, WBC – web browseing call model (modified ETSI)) 
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Figure 6. Probability of MCS selection for different voice loading (0, 12 and 24 voice users per sector) given 37 packet data (WBC) users per sector.
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 Figure 7. Time between Erasure CDF for 12.2kbit/s Voice Service (TTI=10ms) with HSDPA Data users (TTI=3.33ms)

ANNEX A  

Speech Source (Markov) Model

The simplified speech source model with an average voice activity of 0.32 is given by 

IF PrevState=0 then 

IF RAND()<0.01 then

NewState=1  /* go to voice active state */

Else

NewState=0 /* remain in voice inactive state */

Else 

IF RAND()<0.977 then

NewState=1  /* remain in voice active state */

Else

NewState=0 /* go to voice inactive state */
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Figure A1. Speech Source Example using simple Markov Model

For WCDMA we have an effective voice activity factor of 0.47 given 32% active voiced frames (full rate) and 68% without any voice activity since for TTI=20ms: 

VAF=0.47 = (0.32+0.68*(120+(60*0.6+60*0.4*2.5))/996).

Assuming slot format 8 and TTI=20ms then 120 Pilot bits are sent at the same power as the data bits while the 60 TPC bits are sent at the same power as the data bits if there is no soft handoff (60% of the time) and the power is effectively increased by 2.5 when there is soft handoff (occurring 40% of the time). 2.5 = (2*0.3+4*0.1)/0.4 where the power offset for the TPC bits is 3dB for 2-way soft handoff and 6dB for 3-way soft handoff and 30% of the time a UE is 2-way soft handoff and 10% of the time in 3-way soft handoff.

Annex B
Throughput Statistic Descriptions

OTA – over the air per frame throughput, Frame Rate/#transmissions. (Unaffected by time between retries.)

Service – total good (successful) frame bits transmitted per second for a given sector. As observed from BTS including all users and idle time. (Affected by time between retries).

Packet Call - total bits per packet call divided by total time to transmit packet call.

Utilization – percentage of time that frame intervals are active for a given sector.

(active = transmission occurs on downlink shared channel).
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Figure A1. Throughput Statistic Description for System Simulations.

The service throughput for a given sector j is
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The service throughput averaged over all sectors in the system is
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Also
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or
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(4)
where 

Ngood_frames – total good frames over all sectors sent during simulation
Nretries – total unsuccessful (“bad”) frames over all sectors transmitted during simulation
Nempty – total frame intervals over all sectors where there was no transmission during sim.

Nlost – total frame intervals over all sectors where the corresponding frame was aborted  during sim.

Tframe – frame time interval
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Therefore
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The packet call throughput is given by
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(9)

where

k =  denotes the kth packet call from a group of K packet calls

i =  denotes the ith user from a group of N users

j = denotes the jth drop from a group of J drops

the time parameters in Equation 10 are described in Figure A1.

The user packet call throughput becomes
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ANNEX C

System Simulation Assumptions

The following parameters related to HSDPA features were used:

· MCS selection based on CPICH measurement (RSCP/ISCP)

· MCS update rate: once per TTI (e.g. 3.33 ms (5 slots))

· CPICH measurement transmission delay: 1 frame   

· Selected MCS can be applied after 1 frame delay upon receiving measurement report

· Std. dev. of CPICH measurement error: 0

· CPICH measurement rate: once per TTI (sampling is 0.67ms, IIR filter sampled once per TTI using IIR filter with coefficient of 0.3 (new data weighted by 0.7)) 
· CPICH measurement report error rate: 0 %

· Frame length for fast HARQ: TTI length (3.33ms, 2.00ms, 0.67ms)

· Fast HARQ feedback error rate: 0%

· Data Channel Model: 3kph, single Rayleigh ray with 0.98 fraction of recovered power

· Voice Channel Models: Normal Speed Distribution with 30kph mean and 15kph std dev. 

· Voice Channel Models: Equi-probable 1, 2, and 3 ray multi-channel models with FRP (0.98),(0.80,0.12), (0.50, 0.22,0.10).

· STTD enabled.

· Maximum C/I scheduler (see [1])

· Modified ETSI Call model (see [1])

· 0.5dB implementation loss.

· Throughput measurements are over the entire two-ring system and the center cell.

· Slot Format 8 (blind rate) used for downlink 12.2kbit/s voice user.

· Power required for a voice user includes DPCCH overhead which varies with soft handoff (SHO).   

1-way: Pvoice*(dtx+180/724), 2-way: Pvoice*(dtx+(120+2*60)/724), 3-way: Pvoice*(dtx+(120+4*60)/724,  

Pvoice is required power for targeted FER excluding DPCCH overhead.

· FER = 152.19exp(-2.4533EbNt_dB) is curve fit FER vs Eb/Nt (dB) equation and does not include DPCCH overhad and assumes blind rate detection. 
· Outerloop forward power control was enabled for voice users.
Basic system level parameters:

The basic system level simulation parameters are listed in Table C1 [1] below.

Table C1. Basic system level simulation assumptions.

	Parameter
	Explanation/Assumption
	Comments

	Cellular layout
	Hexagonal grid, 3-sector sites
	19 sites

	Site to Site distance
	2800 m
	

	Antenna pattern
	As proposed in [3]
	Only horizontal pattern specified

	Propagation model
	L = 128.1 + 37.6 Log10(R)
	R in kilometres

	CPICH power
	-10 dB
	

	Other common channels
	- 10 dB
	

	Power allocated to HSDPA transmission, including associated signaling
	Max. 70% of total cell power
	

	Slow fading
	Similar to UMTS 30.03, B 1.4.1.4 
	

	Std. deviation of slow fading
	8.0 dB 
	

	Correlation between sectors
	1.0
	

	Correlation between sites
	0.5
	

	Correlation distance of slow fading
	50 m   
	See D,4 in UMTS 30.03.

	Carrier frequency
	2000 MHz
	

	BS antenna gain
	14 dB
	

	UE antenna gain
	0 dBi
	

	UE noise figure
	9 dB
	

	Max. # of retransmissions
	15
	Retransmissions by fast HARQ


	Fast HARQ scheme
	Chase combining
	Dual stop-and-wait

	BS total Tx power
	42.3 dBm
	

	Active set size
	3
	Maximum size

	Specify Fast Fading model
	Jakes spectrum
	Generated by Filter approach 


e.g. m=3 transmissions of frame i
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