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1 Introduction 

1.1 Study Objective and Scope

The objective of this document is to explain the set of definitions, assumptions, and a general framework for simulating uplink enhancements for dedicated transport channels in comparison to Release 5. The system analysis is based on data only, voice only, mixed voice and data, and simultaneous voice and data.  

1.2  Simulation Description Overview

Determining voice, circuit data and enhanced packet data system performance requires dynamic system simulation tools to accurately model feedback loops, signal latency, protocol execution, and random packet arrival in a multipath-fading environment. The packet system simulation tool will include Rayleigh and Rician fading and evolve in time with discrete steps (e.g. time steps of 0.67ms).  The time steps need to be small enough to correctly model feedback loops, latencies, scheduling activities, and measurements of the systems being studied. 

1.3    Release 5 Reference Model

2 Evaluation Methodology for the Enhanced Uplink

2.1 System Level Setup

2.1.1 Antenna Pattern 

The antenna pattern used for each sector, uplink and forward Link, is plotted in Figure 2.1.1‑1 and is specified by
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Figure 2.1.1‑1 Antenna Pattern for 3-Sector Cells

2.1.2 System Level Assumptions 

An example of typical simulation parameter are listed in Table 2‑1. Where values are not shown, the values and assumptions used can be specified in the simulation description.

Table 2‑1 Uplink System Level Simulation Parameters

	Parameter
	Explanation/Assumption
	Comments

	Cellular layout
	Hexagonal grid, 3-sector sites
	19 sites

	Site to Site distance
	2800 m
	

	Antenna pattern
	0 degree horizontal azimuth is East

70 degree (-3dB), 20dB front-to-back ratio
	Only horizontal pattern specified

See Section 2.2.1

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

	Downlink CPICH power
	-10 dB
	

	Other downlink common channels
	-10 dB
	

	Slow fading
	Similar to UMTS 30.03, B 1.4.1.4 
	

	Std. deviation of slow fading
	8.0 dB 
	Log-Normal Shadowing

	Correlation between sectors
	1.0
	

	Correlation between sites
	0.5
	See Appendix A

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

	Carrier frequency
	2000 MHz
	

	Node-B antenna gain plus Cable Loss
	14 dB
	

	UE antenna gain
	-1 dBi
	

	UE noise figure
	9 dB
	

	Vehicle Penetration Loss
	9 dB
	

	Maximum UE EIRP
	21 dBm
	

	Max. # of retransmissions
	15
	Retransmissions by fast HARQ


	Fast HARQ scheme
	Chase combining or IR combining
	Stop-and-wait e.g.

	BS total Tx power
	Up to 42.3 dBm
	

	Active set size
	Up to 3
	Maximum size

	Node-B Noise Figure
	5.0dB
	

	Overhead Channel Uplink Power
	As required for DPCCH/DPDCH/HS-DPCCH and any additional overhead needed to support other control channels
	

	Thermal Noise Density
	-174 dBm/Hz
	

	Specify Fast Fading model
	Jakes spectrum where Doppler based on speed.
	e.g. Generated by Filter approach 

	Active Set Parameters
	
	Up to 3 sectors with the smallest path losses are in SHO if their path loss is within 6 dB of the smallest path loss. Deviation from this should be specified and justified.

	
	
	

	Uplink Scheduling
	
	System specific.

	Active Set Change
	
	System specific..

	Uplink Power Control
	Closed-loop power control delay: one slot 
	Update Rate: Dependent on proposal.

Power control feedback: BER = 4% for a BS-MS pair. Different values should be specified and justified

	Rise over Thermal (Reverse Received Power Normalized by Thermal Noise Level)
	x dB
	Histogram of this parameter with a 0.67-ms time resolution should be provided and the percentage of time the rise over thermal above the x dB target should not exceed 1%. Rise over thermal for the default two receiving antenna mode is ½[(Io1+No)/No + (Io2 + No)/No], where the total received signal power at antenna i is defined as Ioi, I=1,2.


2.1.3 Signaling Errors

Signaling errors may be modeled and specified as the examples in Table 2‑2.

Table 2‑2 WCDMA Signaling Errors

	Signaling Channel
	Errors
	Impact

	ACK/NACK channel
	Misinterpretation, misdetection, or false detection of the ACK/NACK message
	Transmission (frame or encoder packet) error or duplicate transmission

	User identification channel
	Node-B tries to decode a transmission from another user
	One or more Transmission errors due to HARQ/IR combining of wrong transmissions 

	Rate or C/I feedback channel
	Misinterpretation of rate or C/I feedback information
	Potential transmission errors


For H-ARQ, if an ACK is misinterpreted as a NACK (duplicate transmission), the packet call throughput should be scaled down by (1-pACK), where pACK is the ACK error probability. Otherwise the signaling errors will be explicitly modeled to properly account for them.

2.1.4 Layer 2/3 Latencies

2.1.5 Downlink Modeling in Uplink System Simulation
Only feedback errors  (e.g. power control, acknowledgements, rate indication, etc.) and measurements (e.g. C/I measurement) should be modeled without explicitly modeling the downlink channels. In addition to supplying the feedback error rate average and distribution, the measurement error model and selected parameters, the estimated power level required for the physical downlink channels will be supplied.

2.2  Link Level Modeling

The performance characteristics of individual links used in the system simulation are generated a priori from link level simulations.

Quasi-static approach with appropriate Doppler, Demapping, Puncturing penalties is a good method to generate the frame erasures for enhanced uplink dedicated channel and voice channel, as described below. 

Brief Description of Quasi-Static Approach with various Penalties: 

Quasi-static approach with various penalties can be used for each Enhanced Uplink Dedicated Transport and voice Channels.

The aggregated Es/Nt is computed over a transmission period and mapped to an FER using AWGN curves. One of the two possible methods to determine the FER may be used:

a) Map the aggregated Es/Nt directly to the AWGN curve corresponding to the given modulation and coding.

b) Adjust the aggregated Es/Nt for the given modulation and coding and lookup a curve obtained using a reference modulation and coding.

2.2.1 Channel Models

ITU channel models are used in the simulations. The delay intensity profiles based on the ITU channel models [2] have been computed for each air interface technology’s bandwidth and receiver type.  The transmit and receive filter assumed was a raised cosine with beta of 0.22.  The delay intensity profile for 5MHz WCDMA transmit and receive filters for a chip rate of 3.84Mcps are given in Table 2‑3.  The Fractional Recovered Power (FRP) are given in Table 2‑3.  Fraction of un-Recovered Power (FURP) shall contribute to the interference of the finger demodulator outputs as an independent fader. 

Table 2‑3  FRP and Delay profile for each ITU channel model for 5MHz bandwidth and 3.84Mcps.
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The channel models are randomly assigned to the various users according to a set of probabilities at the beginning of each drop and are not changed for the duration of that drop.  The assignment probabilities should be interpreted as the percentage of users with that channel model in each sector.  However, the use of Pedestrian A models is more representative of pico-cell environment and not representative of macro cellular environment.
2.3  Simulation Flow and Output Matrices (Suggested)

2.3.1 Simulation Flow 

The cells are classified into two types: center and neighbor cells. Center cells are fully simulated and monitored for the throughput or voice capacity, whereas neighbor cells only simulated for received power and the FER contribution but not monitored for their throughput or voice capacity, i.e., statistics are only collected from the center cell.

2.3.1.1 Terminology

Center cell – the central cell of the 19 cells layout which handles all the data traffic, runs a scheduler (if any), keeps track of its voice users, generates the received power profile (rise over thermal), and collects all the statistics.

Neighbor cells – the other 18 cells, which handle voice or data traffic and monitor the link quality and rise over thermal. Power control and link reception are still modeled at these cells.

2.3.1.2 Simulation Description

1. The system consists of 19 hexagonal cells. Six neighbor cells of the first tier and 12 neighbor cells of the second tier cells surround the center cell. Each cell has three sectors.

2. UEs are randomly dropped over the 19 cells such that each cell has the required numbers of voice and data users. A voice user shall be assigned to a sector of any cell if the sector is in the Active Set (with a maximum size of three) of the voice user.  All sectors of the system shall continue to accept voice users until the desired fixed number of voice users per sector is achieved everywhere.  A data user shall be assigned to a sector of the center cell if the sector is the primary server for the data user; otherwise, the data user shall be discarded. 

3. Fading signal and fading interference are computed from each UE into each sector for each Slot or equivalent power control related time interval.  

4. All uplinks from every MS to all Active Set members (sectors in communication with the MS) are to be modeled for frame erasure, outage, and throughput. 

5. For simulation of systems loaded only with voice-only mobiles, the first run is done with five UEs per sector and every run following that is done with five more UEs per sector until the outage criteria (defined in Appendix C) or the rise-over-thermal limit are violated, after which every run is done with one less mobile until the outage criteria and the rise-over-thermal limit are satisfied. The maximum number of users per sector of Nmax (voice capacity) is achieved if Nmax + 1 users per sector would not satisfy the outage criteria or rise-over-thermal limit and Nmax users per sector would satisfy both.

6. For simulation of the system loaded only with data-only mobiles, the runs are done with an increment of at two UEs per sector in the active cell. The neighbor cells are loaded with (0.8Nmax( voice-only UEs per sector. This simulates a near full-load condition in the network.  The increase of data users is stopped when one of the quality, fairness, or rise-over-thermal limits is violated in the whole system (over all users in all sectors). Throughput from all data users at all Active Set members is to be counted. For uplinks where the center cell sectors do not account for all members of the SHO, the throughput is to be discounted accordingly. For example, the reverse data throughput from a data mobile that is in 2-way soft handoff with one sector of the center cell and one sector of a neighbor cell should be discounted by 50%. A mobile’s data throughput is to be counted only as 2/3 if that mobile is in 3-way soft handoff where two of the three sectors in the Active Set are in the active cell.

7. With voice-only and data-only UEs in the same simulated system, the number of voice-only UEs is fixed at (0.5Nmax( or (0.8Nmax( per sector for the center cell.  The neighbor cells are loaded with (0.8Nmax( voice-only UEs per sector. The number of data-only UEs in the center cell is incremented by two UEs per sector for each successive simulation run.  The increase of data users is stopped when one of the quality, fairness, or rise-over-thermal limits is violated in the whole system (over all users in all sectors). Throughput from all data users at all Active Set members is to be counted. For uplinks where the center cell sectors do not account for all members of the SHO, the throughput is to be discounted accordingly. For example, the reverse data throughput from a data mobile that is in 2-way soft handoff with one sector of the center cell and one sector of a neighbor cell shall be discounted by 50%. A mobile’s data throughput is to be counted only as 2/3 if that mobile is in 3-way soft handoff where two of the three sectors in the Active Set are in the active cell.

8. Run-stopping criterion: When the per-sector throughput and the variance of rise over thermal at all sectors are not changing significantly.

9. Packet calls arrive as per the Traffic model (e.g. HTTP model or FTP or Near Real Time Video). 

10. Simulation flow with data-only mobiles or voice-only and data-only mobiles simultaneously is show in Figure 2.3.1‑1:

Drop (0.8Nmax( voice-only mobiles per sector of the neighbor cells,

For n = 0, (0.5Nmax( or (0.8Nmax( voice-only mobiles per sector of the center cell, 

For each k data-only users (to be incremented by 2),

a. Place n voice users in each sector of the center cells.

b. Keep adding data users until the quality of service, fairness, or rise-over-thermal limit is not met in the whole system (over all mobiles in all sectors).

c. Collect results according to the output matrix.

Note: To simplify the simulation, only two-way or three-way handoff is used.  
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Figure 2.3.1‑1 Simulation Flow Chart

The requirements are:

· The number of voices shall be maintained with outage requirements satisfied.

· The histogram of rise over thermal in 0.67 ms time resolution for each sector shall be recorded.

2.3.2 Outputs and Performance Metrics

2.3.2.1 Voice Services and Related Output Matrices

The following statistics related to voice traffics can be generated and included in the evaluation report.
1. Voice capacity. Voice capacity is defined as the maximum number of voice users that the system can support within a sector with certain maximum outage probability. The details on how to determine the voice capacity of a sector are described in Appendix C.
2. The histogram of voice data rates (for a frame) per user and for all users.
3. The scattering plot of the outage probability vs. the distance from the mobile to the serving sector. In case of soft hand-off (SHO), the distance from the mobile to the closest serving sector shall be used.
4. The curve of outage indicator vs. time for each user. The outage indicator equals to one when the voice user is in outage, and zero otherwise. The speed, channel model and the distance of the voice user to the serving sector shall also be included in the curve. In case of SHO, the distance from the mobile to the closest serving sector shall be used. 
5. The outage probability for each user. Note that this value can be calculated from the curve described in previous item.
2.3.2.2 Data Services and Related Output Matrices

The following statistics related to data traffics can be generated and included in the evaluation report

1. Data throughput per sector. The data throughput of a sector is defined as the number of information bits per second that a sector can receive successfully from all data users it serves, provided that all data users satisfy certain fairness criterion, including fairness in terms of per user throughput as well as delay, and that certain number of voice users can be maintained with certain GOS. 
2. Averaged packet delay per sector. The averaged packet delay per sector is defined as the ratio of the accumulated delay for all packets for all users received by the sector and the total number of packets. The delay for an individual packet is defined as the time between when the packet enters the queue at transmitter and the time when the packet is received successively by the base station. If a packet is not successfully delivered by the end of a run, its ending time is the end of the run.
3. The histogram of data throughput per user. The throughput of a user is defined as the ratio of the number of information bits that the user successfully delivers during a simulation run and the simulation time. Note that this definition can be applied to all data users.
4. The histogram of packet call throughput for users with packet call arrival process. The packet call throughput of a user is defined as the ratio of the total number of information bits that an user successfully delivers and the accumulated delay for all packet calls for the user, where the delay for an individual packet call is defined as the time between when the first packet of the packet call enters the queue at transmitter and the time when the last packet of the packet call is successively received by the receiver. If a packet call is not successfully delivered by the end of a run, its ending time is the end of the run, and none of the information bits of the packet call shall be counted. Note that this definition is applicable to a user with packet call arrival process.
5. The histogram of averaged packet delay per user. The averaged packet delay is defined as the ratio of the accumulated delay for all packets for the user and the total number of packets for the user. The delay for a packet is defined as in 2. Note that this definition is applicable to a data user without packet call arrival process.
6. The histogram of averaged packet call delay for users with packet call arrival process. The averaged packet call delay is defined as the ratio of the accumulated delay for all packet calls for the user and the total number of packet calls for the user. The delay for a packet call is defined as in 4. Note that this definition is applicable to a user with packet call arrival process.
7. The scattering plot of data throughput per user vs. the distance from the user’s location to its serving sector. In case of SHO or sector switching, the distance between the user and the closest serving sector shall be used. The data throughput for a user is defined as in 3.
8. The scattering plot of packet call throughputs for users with packet call arrival processes vs. the distance from the users’ locations to their serving sectors. In case of SHO or sector switching, the distance between the user and the closest serving sector shall be used. The packet call throughput for a user is defined as in 4.
9. The scattering plot of averaged packet delay per user vs. the distance from the mobile’s location to its serving sector. In case of SHO or sector switching, the distance between the user and its closest serving sector shall be used. The averaged packet delay per user is defined as in 2.
10. The scattering plot of averaged packet call delays for users with packet call arrival processes vs. the distance from the mobiles’ locations to their serving sectors. In case of SHO or sector switching, the distance between the user and its closest serving sector shall be used. The averaged packet call delay per user is defined as in 4.
11. The scattering plot of data throughput per user vs. its averaged packet delay. The data throughput and averaged packet delay per user are defined as in 3 and 2, respectively.

12. The scattering plot of packet call throughputs for users with packet call arrival processes vs. their averaged packet call delays. The packet call throughput and averaged packet call delay per user are defined as in 4.

In order to understand more easily these definitions, some mathematical formula and figures are provided in Appendix B.
The channel model and speed of a data user are randomly chosen according to the pre-determined distributions.
2.3.2.3 Mixed Voice and Data Services

In order to fully evaluate the performance of a proposal with mixed data and voice services, simulations are repeated with different loads of voice users. The following outputs may be generated and included in the evaluation report.

1. The following cases can be simulated: no voice users (i.e., data only), voice users only (i.e., number of voice users equal to voice capacity), and (0.5Nmax( or (0.8Nmax( voice users with data users, where Nmax is the voice capacity.

2. For each of the above case, all corresponding output matrices defined previously are generated, whenever it is applicable.

In addition, the following output may also be generated and included in the evaluation report:

1. A curve of sector data throughput vs. the number of voice users is generated, where the sector data throughput is defined as above.

2.3.2.4 Data Model

Suggested to support FTP, Streaming, Web-browsing traffic model.  Also, the TCP Ack/Nacks associated with the HS-DSCH can be modeled.  

2.3.2.5 Voice Model

Voice model may be specified in Appendix C.

2.3.3 Packet Scheduler

The voice users’ (if simulated together with the data users) transmissions are not scheduled. The data users can be scheduled or allowed to transmit in a random fashion. The exact procedure and its delay and reliability with which a UE gains the right to transmit is to be specified in detail. 
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Appendix A: Lognormal description

The attenuation between a mobile and the ith cell site is modeled by
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 is the distance between the mobile and the cell site, 
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 represents the shadow fading which is modeled as a Gaussian distributed random variable with zero mean and standard deviation 
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which is independent from one cell site to the next. Both components are assumed to be Gaussian distributed random variables with zero mean and standard deviation 
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Typical parameters are 
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 for 50% correlation. The correlation is 0.5 between sectors from different cells, and 1.0 between sectors of the same cell.

Appendix B: Formula to define various throughput and Delay Definitions

For each fixed simulation condition (e.g., voice load, distribution of different traffic, number of data users, etc.), simulation is run for multiple independent runs using Monte Carlo approach. Let

· T = simulation time.

· M = total number of independent runs (for a specific configuration).

· N= total number of data users in each run (for a sector).

· m= index of the simulation runs, i.e., m = 1,2,3, …, M.

· n = index of a data user within a simulation run, i.e., n = 1,2,…, N.

Therefore, the n-th data user in the m-th simulation run can be specified by user(m,n).

Let 

· K(m,n) = total number of packet calls generated for user(m,n).

· k = index of packet calls for a user. For user(m,n),, k = 1, 2, …, K(m,n).

· L(m,n,k) = total number of packets generated for the k-th packet call of user(m,n).

· l = index of packet within a packet call. For the k-th packet call of user(m,n), l = 1,2, …, L(m,n,k).

· B(m,n,k,l) = number of information bits contained in the l-th packet of the k-th packet calls for user(m,n) . If the packet is not successfully delivered by the end of the simulation run, B(m,n,k,l) = 0.

· TA(m,n,k,l) = arrival time of the l-th packet of the k-th packet calls for user(m,n). it is the time when the packet arrives at the transmitter side and is put into a queue.

· TD(m,n,k,l) = delivered time of the l-th packet of the k-th packet calls for user(m,n) . It is the time when the packet is successfully received by the receiver. Due to fixed simulation time, there may be packets waiting to be completed at the end of a simulation run. For these packets, the delivered time is the end of the simulation.

· PCTA(m,n,k) = arrival time of the k-th packet call for user(m,n), it is the time when the first packet of the packet call arrives at the transmitter side and is put into a queue.

· PCTD(m,n,k) = delivered time of  of the k-th packet call for user(m,n). It is the time when the last packet of the packet call is successfully received by the receiver. Due to fixed simulation time, there may be packet calls waiting to be completed at the end of a simulation run. For these packet calls, the delivered time is the end of the simulation.

The arrival time of a packet call is the time when the first packet of the packet call arrives at the transmitter side and is put into a queue, and the delivered time of a packet call is the time when the last packet of the packet call is successfully received by the receiver, i.e., PCTA(m,n,k) = TA(m,n,k,1) and PCTD(m,n,k) = TA(m,n,k,L(m,n,k)). Due to fixed simulation time, there may be packet calls waiting to be completed at the end of a simulation run. For these packet calls, the delivered time is the end of the simulation. Figure B1 demonstrates the arrival and delivered times for a packet an a packet call.

With the above notation, we can now define various throughputs and delays as follows.

Data throughput per sector 
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Averaged delay per sector 
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Data throughput for user(m,n)  
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Packet call throughput for user(m,n)  
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Averaged packet delay per sector 
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Averaged packet delay for user(m,n)  
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Averaged packet call delay for user(m,n)  
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[image: image28.wmf]Packet call is delivered within a simulation run:

0

T

PCTA(m,n,k)

PCTD(m,n,k)

Packet call is not delivered by the end of  a simulation run:

0

T

PCTA(m,n,k)

PCTD(m,n,k) =T

Last packet is not

delivered yet

Time

Time

Frist packet is delivered

Last packet is delivered

First packet arrives

Frist packet is delivered

First packet arrives

T

TA(m,n,k,l)

TD(m,n,k,l)

T

TA(m,n,k,l)

TD(m,n,k,l) =T

Packet is not delivered yet

Time

Time

Packet is delivered

Packet arrives

Packet arrives

Packet is delivered within a simulation run:

Packet is not delivered by the end of  a simulation run:


Figure B-1:  Description of arrival and delivered time for a packet and a packet call.

APPENDIX C  

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()<0.9785 then

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

Else

NewState=0 /* go to voice inactive state */
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Figure C1. Speech Source Example using simple Markov Model
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