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1 Summary

This document includes an offline simulator for RTP/IP over 3GPP and short description on the use of the software. The simulator is a merge of VCEG-N80 and S4-040803. Some enhancements are included to better simulate timing issues such as live encoding as well as to simplify input and output interfaces. The simulator is not planned to be in its final version, updates and enhancements are planned.
2 Simulation Software

An implementation of the software simulator as described in document can be found in the attached archive <mip.zip>.

2.1 Content

The archive includes the following files, which are part of the offline software simulator distribution: 

· Software package including README file to compile it under Windows and Linux

· RLC-PDU loss and bit error patterns for specific bearers

· VCEG-N80 describing the initial test conditions as specified by ITU VCEG.

· A readme on the RLC-PDU loss patterns provided by Qualcomm, S.A.R.L.
2.2 How to use the tool

The tool uses the same syntax for handing input parameters as JVT test model software. An exemplary configuration file is provided. In the following we will briefly define the input parameters:

RTPinfile

= "foreman_h264.rtp"         
# Input File

RTPoutfile

= "foreman_out_h264.rtp"     
# Output File

LogFile

= "log_mip.txt"      

# Log File

Bearer

= 2

     


# Bearer Number

RandomSeed

= 0

     


# Random Seed


ErrorFreeRTP
= 1

     


# Number of error-free RTPs

TSModeSender
= 0 # 1 ignore TS at transmitter, 0 use TS, send dummy

StatFile

= "stat_mip.dat"     

# Statistics File

RTPinfile:
File name for the input file with a certain format. The file should consist of a packetized format as follows:

· 4 bytes length indication of following payload L1 in bytes (32-bit unsigned integer),
· 4 bytes timing information (generation time in ms, 32-bit integer),
· L1 bytes payload being an RTP packet in our case including the RTP header,
· 4 bytes length indication with L2,
· 4 bytes timing information,
· L2 bytes payload being an RTP packet in our case including the RTP header

The timing information can indicate the sending time instant in ms for the packet. The simulator can use this information to maintain certain timeline and to send dummy data. This is for example necessary if it is assumed that the data is generated online. The use of this information is optional.
RTPoutfile:
File name for output file. This file has the same format as the input file except:

· Entire RTP packets including length information, timing information, and payload might be  missing

· The timing instant is altered such that the receiving time instant in ms is provided, whereby the first unit is assigned time 0. This information can be used such that in case of a certain playout delay, late packets can also be dropped. In this case the RTP timestamp can be used for comparison purpose.
Log File:

Provides some information on the applied parameters.
Bearer:

A specific bearer can be selected using a number which addresses a bearer. The bearer is further specified in a file named <bearers.txt>. In this file each non-commented line (comment is #) represents a bearer. Additional bearers can be added. More details:
# This file contains some bearer configuration. The bearers can be indexed by the number.

# The specific columns are explained in the following

# Number:     
Number of the bearer used as index (integer)

# File:

File name of the error masks, can be bit errors or packet errors

# Format:     
Gives the format of the file (binary for bit errors, ascii for packet errors)

# BB:
      
Bearer Bitrate in kbit/s

# RFS:
      
Radio Frame Size in bytes describes the RLC-PDU size

# Mode:
       
Transmission Mode: 1 is acknowledged bearer, 0 is unacknowledged bearer

# System:     
0=CDMA2000, 1=UMTS, only difference is in sizes of fields added for headers

# CRUIH:      
Compressed RTP/IP/UDP header size assuming header compression

# RDel:
(only for ACK mode) The retransmission delay before it is available at the

encoder in multiples of the TTI

# Amod:
       (only for ACK mode) Mode of Acknowledged Bearer (0=persistent, 1=non-persistent)

# NoRet:      (only non-persistent ACK mode) Number of Retransmission for ACK mode

#

# The following bearers are defined

# Number
File

Format
BB
RFS 
Mode
System CRUIH
RDel
Amod
NoRet

1  18681.3


binary
64
80
1
1
4
2
1
1

2  18681.4


binary
64
80
1
1
4
2
1
1

3  wcdma_64kb_3kph_5e-04.bin

binary
64
80 
0
1
4

4  wcdma_64kb_50kph_2e-04.bin

binary
64
80 
0
1
4

5  wcdma_128kb_3kph_5e-04.bin

binary
128
160 
0
1
4

6  wcdma_128kb_50kph_2e-04.bin
binary
128
160 
0
1
4

7  PSC__128kbps_20ms_BLER_0_5.txt
ascii
128
320 
0
1
4

8  PSC__128kbps_20ms_BLER_1_0.txt 
ascii
128
320 
0
1
4

9  PSC__128kbps_20ms_BLER_1_5.txt
ascii
128
320 
0
1
4

10 PSC__32kbps_20ms_BLER_0_5.txt
ascii
32
80 
0
1
4

11 PSC__32kbps_20ms_BLER_1_0.txt
ascii
32
80 
0
1
4

12 PSC__32kbps_20ms_BLER_1_5.txt
ascii
32
80 
0
1
4
# more bearers can be added.

RandomSeed:

Integer value to modify the starting position in the error pattern. For longer simulations it is proposed to start with 0 and increment the value by 1 for each run. This can be easily handled by a batch file.
ErrorfreeRTP:

Specifies a certain number of RTP Packets at the beginning of the file which can be forwarded directly to the receiver without being lost. This is especially important if for example the first packet contains setup information.
TSModeSender:

Boolean, if 0, the packets are transmitted just as they are. If 1, the program evaluates the timestamp and does not send the packet until the internal clock is as least as high as the time stamp of the packet. Therefore, one can simulate conversational applications as well as live encoding.
Stat File:

Provides some information for each run. In detail, the following information is provided:

· Date and time

· Bearer number

· Starting position in error file determined by RandomSeed

· Bit error rate for this transmission

· Native RLC frame error rate

· Effective bit rate counting only correctly received RLC blocks

· Total Number of RLC frames

· Total Number of retransmitted RLC frames

· Total Number of dummy RLC frames

· Total Number of RTP packets excluding the first error free RTP packets

· Total RTP packet loss rate

· The bit rate for the video in kbit/s

· The total amount of time to transmit this file in ms.




2.3 Error Patterns and RLP/RLC frame sizes

In order to simulate the guaranteed QoS concept, it is assumed, that channel conditions do not vary for the duration of the transmission, so that the provided network QoS (bitrate, packet loss rate) is nearly constant throughout the session. With the constant channel conditions the simulator can assume using a dedicated radio channel for the RTP stream with a given maximum channel bit-rate. For simulating radio channel conditions two possible input interfaces are provided, bit-error patterns in binary format as well as RLC-PDU losses on the RLC layer.
Bit-error patterns

One set of radio conditions uses bit-error patterns that were captured in different real or emulated mobile radio channels. The bit-error patterns are captured above the physical layer and below the RLC layer, such that in practice they act as the physical layer simulation. It is assumed, that the statistical parameters (e.g. average residual BER and burstiness) of the bit-error pattern are similar for the whole transmission. The available bit-error patterns determine the bitrates and SDU error ratios that can be simulated.

Table 1 lists the bit-error patterns to be used in the experiments. These bit-error files are attached to the current document. Pattern A and B are mostly suited to be used in streaming applications, where RLC layer re-transmissions can correct many of the frame losses. Patterns C to F are meant to simulate a more reliable, lower error-rate bearer that is required in conversational applications. The physical layer simulation used 16 bit Layer 1 CRC, but the bits corresponding to the CRC are not present in the error pattern files.

Table 1: Bit error patterns
	No.
	File name
	Bitrate
	Length
	BER
	RLC-PDU size
	Mobile Speed

	A
	18681.3
	64 kbps
	60 s
	9.3e-3
	80 byte
	3 km/h

	B
	18681.4
	64 kbps
	60 s
	2.9e-3
	80 byte
	3 km/h

	C
	Wcdma_64kb_3kph_5e-04.bin
	64 kbps
	180 s
	5.1e-4
	80 byte
	3 km/h

	D
	Wcdma_64kb_50kph_2e-04.bin
	64 kbps
	180 s
	1.7e-4
	80 byte
	50km/h

	E
	Wcdma_128kb_3kph_5e-04.bin
	128 kbps
	180 s
	5.0e-4
	80 byte
	3 km/h

	F
	Wcdma_128kb_50kph_2e-04.bin
	128 kbps
	180 s
	2.0e-4
	80 byte
	50km/h


RLC-PDU loss patterns
see Document S4-040803 for more information.
� Contact: Thomas Stockhammer, Siemens AG, (� HYPERLINK "mailto:stockhammer@nomor.de" ��stockhammer@nomor.de�), +49 89 722 59062.





