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Overview

PacketGen™ is a PC-based real-time VolP bulk call generator (including both SIP signaling and RTP
generation) for stress testing and precise analysis of the VolP network equipment. PacketGen™ is
based on a distributed architecture, wherein SIP and RTP software cores can be modularly
stacked in one or many PCs to create a scalable high capacity test system. PacketGen™ can be
used to test basic functionality and verify proper protocol implementation in SIP based
equipment such as SIP phones and Network servers, as well as Proxy Servers, Registrar servers,
and PSTN and Media Gateways.

GL’s PacketGen breaks ground with high density performance:

PacketGen™ on a Duo Quad Core PC can support 1000+ simultaneous calls with both SIP and RTP
generation. This performance number is associated with using the G.711 codec, other codecs
may provide higher call densities. PacketGen’s distributed architecture achieves higher call
density by interconnection multiple computer systems with SIP and RTP software cores on each.

Applications

e Stress Testing

e Manual and Bulk Call Generation

e Voice Quality Analysis

e Regression and Acceptance Testing

e Matrix Testing

e Protocol Compliance, Codec Compatibility Testing

Main Features

e Distributed architecture for SIP and RTP systems provides high call rates and media streams.
Also, makes it scalable, i.e., easy to add additional load generation capacity.

e PacketGen™ breaks ground with high density performance by generating 1000+ simultaneous
calls on a Duo Quad Core PC. Higher density is also achievable using multiple systems.

¢ RFC 3261 compliant, RFC 2833 digit generation/detection.

e Generates both SIP signaling and RTP traffic.

¢ Send/ Record voice files on any (or all) RTP sessions. Also, provides the necessary voice
quality algorithms.

e Audio Codecs supported are G.711 (A-law and U-law), G.711 App Il (A-law and U-law with
VAD), G.726, G729AB, GSM, G.722, G.722.1 (Wideband), AMR/AMR_WB (Narrow band/
Wideband), SPEEX/SPEEX_WB (Narrow band/Wideband), iLBC (20ms and 30ms), EVRC,
EVRCB, SMV, and iSAC.

e Remote access capability using GUI, command line interface, or through Remote Desktop.

e Supported on Windows® XP (32 bit and 64 bit) / Vista (32 bit) / 7 (32 bit and 64 bit) OS.

For more details, visit http://www.gl.com/packetgen.html.
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SIP Setup and Configuration

The SIP Setup screen controls the foundation of the desired test
environment. The user has the flexibility to configure multiple SIP
and RTP instances on a local system and/or remote systems. Each
SIP and RTP instance provides additional call density capabilities,
thus allowing a true distributed architecture. In addition, true RTP
Load sharing is provided within PacketGen™.

2 sip Setup - Configuration [ default ]

File ©ptions Help

JoE 0O

1921681191 1921681191 192168178 192168.1.78
Trying to start Software ATP Application at 192.168.1.191, Please wait... A
SIP Application] 92.168.1.191 stated successfully N
Tiying to start SIP Application at 192.168.1.78, Please wait..
Software RTP Application192.168.1.191 started successfully
Trying to start Software RTP Application at 192.168.1.78, Please wai...

IP Application] 92168, started successhull

SIP | RTP | RTR Start | Stop | @ Started successfully

Figure: SIP Setup Configuration

Manual and Bulk Call Generation

PacketGen™ supports both Manual and Bulk Call Generation, with
complete flexibility on each individual call session such as quick
configuration utility, current status of each configured session,
traffic generation and QOS measurements, call processing options
including hold and call transfer.

K Manual Call Generation - Configuration [ Untitled ]
File Functions Help

o X 88 @0 s

Seial # | Local UA [ Remote UA [ Transport_| MCAction | Status Desciiption ~
<1 0001@1921681191  0001@192168178  UDP off HanaUp | PROGRESS Received
<2 00R@1R21631191  0002@192168178  UDP off Hadjp PROGRESS Received
-3 0003121681191 O0O@IR1E8178__ UDP off Cal Failed Teminated
2 l- 0004@1321681.78 B-d J Cal Faied Terminaied
-5
=g ,‘ % Bulk Call - Configuration [ 1]
-7 oofbe tep
:g gg JoE? % o Calagent [131 ~] Refesh[30 ] Sec
:E‘ gg @ Buk Cal Generaion | @ Buk Cal Recepton|
[ Transport | Nol)l Inuxcaldudm [ Call Duration... | Status ~
uoP 40000
uoP IIJD m 40000
UDP 1000 3000 40000
UP 1000 3000 40000
uoP 1000 3000 40000
UDP 1000 3000 40000
UP 1000 3000 40000
uoP 1000 3000 40000
UDP 1000 3000 40000
UP 1000 3000 40000
uoP 1000 3000 40000
[ 4o
-lm_
921631.78 1000
ms@mmans‘ OReiBIeaIzs UP 1000 0 iaoo0
Qperations Configuration
SHEP StatAl | StopAl | Disconnect inset | _Add | Delete
™ Reset satisics automaticall
1§ ) \ BCActon
Actons o
] £
StartDelay Action Duaion
(msec) (msec)
o | =

Figure: Manual and Bulk Call Generation

SIP Registration

PacketGen™ provides facility to register a single or a bunch of
User Agents simultaneously. Each Registration gives flexible
configuration options like Registrar server address, Address of
Record, Expiry time etc. Also, each Registration can be configured
for automatic registration refresh, after the existing registration
expires. A quick configuration utility helps to configure hundreds
of registrations easily.

I UA Registration - Configuration [ Untitled ] @

File Help
] Q@ X @€ canen [ -
Transport ] Registrar SIP URL I Re - Register [ Expay time (sec) [ Status l Expires A
upP 192168.1.19 120 Registration Successful  ThuJun 30 10:48
UpP 192168119 120 Registration Successful  ThuJun 30 10:4¢
UpP 192168.1.18 On 120 Registration Successful  ThuJun 30 10:45
upP 192168.1.19 120 Registration Successful  ThuJun 30 10:4¢
ubP 192.168.1.19 120 Registration Successful  ThuJun 30 10:4¢
UppP 192168.1.18 120 Registration Successful  Thu Jun 30 10:45
upP 192168.1.19 120 Registration Successful  ThuJun 30 10:4¢
UpP 192168.1.19 120 Registration Successful  Thu Jun 30 10:48
UDP 192168.1.18 120 Registration Successful  ThuJun 30 10:4¢
UpP 192168.1.19 120 Registration Successful  ThuJun 30 10:4¢
UDP 192.168.1.19 120 Registration Successful  ThuJun 30 10:45
UDP 192.168.1.19 120 Registration Successful  ThuJun 30 10:45
192168.1.19 Regcsllallon Successful  ThuJun 30 10:45
FIE_ [ v
Add | Deete | | DeRegister |  Selectal |

Figure: UA Registration Configuration

Auto Signaling Action

This feature provides a quick and easy method to configure
signaling actions, to be performed automatically as soon as the
call session is established. Configuration is based on call sessions,
thus each call may be configured for unique activities.

Signaling options include Call Transfer, Call Reject (User-Defined
Error), Hold and Re-Direct.

% Auto Traffic And Signaling Action - Configuration [ Untitled ] @

File Functions Help

@ @ X @€ caren [1mn =

Serial # | User Status Signaling T Impairments T Traffic
1 [ 0001@192168.1.191 St
2 0002@192168.1.191  Active ' Auto Signaiing on

3 0003@1921681.191  Active Signaling
4 0004@1921681.191  Active
5 0005@1921681191  Aclive AutoAction | Transfes |
6 0006@1921681.191  Active

< e 16 1151 Adive Transter To |0011@192.168.1.191 -l 9
8 0008®1921681.191  Active @ UDP C TCP
] 0009@1921681191  Active : I =
10 0010@1921681.191  Active Reject

Insett | Add | Delete | Set |

Figure: Auto Traffic and Signaling Actions
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Traffic Generation (RTP)

Once the call is established, PacketGen™ can generate and handle
multitude of traffic, either manually or automatically. It facilitates
the mechanism to test various network conditions and responses.
Traffic options include Send Actions, Loop Back, Receive Actions,
and Power Measurement.

Auto-Action feature provides a quick and easy method to
configure signaling as well as traffic actions, once the call session
is established.

Advanced traffic options like codec parameters, ptime and Rx
jitter buffer control are provided.

% Auto Traffic And Signaling Action - Configuration [ Untitled ]

File Functions Help
| 9 % (_))@ CallAgent [191 =
Seral | User Agents Status Sinding | Impaiments | Traffic
— 0001@192.168.1.191
0002@132168.1.191  Active W' Auto Tralfic On
3 0003@1921681.191  Active
4 0004@192.168.1.191 Active Traffic Parameters
5 0005@1921681.191  Active
3 0006@1521681.191  Active
7 0007@1921681.191  Active Send | Recove | Soipt
8 0008@1921681.191  Active
9 0003@192.168.1.191 Active Actions
10 0010@1921681.191  Active
end File
Statt Delay Action Duration
(msec) (msec)
p = F =]
Send Voice File
[\Send\G71T\ULAWVijay.ghw 3|
Options
¥ Send File Continuously
Inset | Add | Delete | Set

Figure: RTP Traffic Generation

RTP Impairment Generation

PacketGen™ allows user to configure various impairments on
outgoing RTP streams. These categories of impairments can be
generated.

e latency
e Packet Loss
e Packet Effects

% Auto Traffic And Signaling Action - Configuration [ Untitled ] @

File Functions Help
] @ X | @€ canoen [ian 5
Serial #_| User Agents Status Sgnaing | i 1 Traffic
_ 0001@192.1681.191
0002@132168.1.131  Active V' Auto Impaiments On
5 0003@1921681191 At
4 WUEIRIEE1TS  Actve Latency Packet Loss | Packet Effects |
5 0005@1921681131 Active
3 0006@132.168.1.191 Active Burst Loss hd
7 0007@1321681131  Active Balloi
8 0008@1321681131  Active
9 0003@1321681131  Active 2
10 0010@1921681.191  Active Burst Probabiity 1.00 5
Burst size in packets
Minimum |1 Maximum (19
NOTE : If Invalid values are entered, corrected
values will be Automaticall taken
inset | Add | Delete | Set

Figure: RTP Impairment Generation

Statistics & Events

PacketGen™ provides detailed statistics for each User Agent,
SipCore as well as for the entire system. Included in the statistics
are complete/incomplete calls, failed calls (based on user-defined
thresholds) and type of generated traffic. Call Statistics window
provide detailed call wise statistics per SipCore.

System statistics window provides the overall call statistics such as
active calls in progress, completed calls, number of successful
calls, attempted calls, and so on for each SipCore.

All events and statistics can be exported and saved for record or
review at a later time.

* Call Statistics 3]
Eie Help
1T @ seccdio [ENEEN~| Aeeh Sec
ym_lﬁfm_lﬁmﬂm__lwumuvn@&a_w_t
0001@1921681... 8 0 3
0002@192.1681... 8 0 6 221 335 0 1 0
0003@192.168.1... 8 0 7 224002 0 1 0
0004@192.168.1... 8 0 7 2225%5 0 1 0
0005@192.1681... 6 0 6 21413 0 0 0
0006@1921681... 6 0 6 221381 0 0 0
0007@192.1681... 6 0 6 221380 0 0 0
0008@192.1681... 6 0 6 221374 0 0 0
0009@192.168.1... 6 0 6 221375 0 0 0
0010@132.168.1... 6 0 6 221330 0 0 0
0011@1921681... 6 0 6 22135 0 0 0
0012@1921681... 6 0 3 221354 0 0 0
0013@1921681... 6 0 6 221370 0 0 0
0014@192.168.1... 6 0 6 221363 0 0 0
0015@192.168.1... 6 0 13 221368 0 0 0
0016@132.168.1... 6 0 6 21337 0 0 0
0017@192.1681... 6 0 6 221335 0 0 0
0018@1921681... 6 0 6 221343 0 0 0
0019@1921681... 6 0 3 221350 0 0 0 v
< >
Calls
Total
Call Agent Caﬂm Eal Incoming Emgl Cal Cum Call Dur (msec) ﬂu Call Misc Emor

|S1 9 4431237 0

|23 122 4431276 D 7 0
Syxlem Total (29 123 244 8862513 0 12 0
< >

Figure: Statistics and Events

RTP Action Scripting

PacketGen™ provides a powerful scripting capability to control
RTP traffic. Scripting features includes loops, conditional
statements, wait for events, timers etc., Scripting gives the user
greater control over the RTP traffic being generated allowing users
to create/test IVR kind of applications. Scripts can be created using
the RTP Script Editor, which allows an intuitive, point and click
script setup.

The set of script elements included in the script editor allows user
to perform all the traffic generation / reception actions as done
using PacketGen™ main graphical user interface.

File Edt Help
LEE 2R 00
e c
Script Name: [C:\Program Fi [= GEIVOCOIPS _Test Script |

State Machine Components  State Machine Script
= Actions # | Script ltem A
cix=0;

lpc=6:

i(s5d==1)

= Condtional titone : freq! = 1004, power! =60, freq2 = 2004, power2 = -60, ontime = 500, offtime = 100, terat
© L. S wikeevent: event = "PGA: Send/Recd VOC file to PGB <lpc> times";

10 ebe

n titone : freq] = 1004, power! =60, freq2 = 2004,

Lo 12 = 60, okime = 500, ofime = 100, eret
Add Lable. 12 setooven evnt = PG Sendfecd VOC i oG o s’
B 13 en
GoTo
= Vaisble i '°"° -

mwaw: band = outband , digitype = din

wa' ISOU
Wite Event 19 txdlmé digts - dighs = "<crib", band = outband. power] = -10, power2 = 10, onlime = 80, offim
Add Comment (/) 2 wiceven (cigtsdore, 1 secl
21 ifatx==1)
2 waaevert (doisdetected, 13 sec
23 if (Ggtsdetected)
ok Q0mssct
F) witeevent. event = "PGA: Recd \STNEB\SEND\SNDO-01-cent> GLW fiom PGB
% ot Idzname “\SENDASNDO-01<crt>. GLW", duation = 10 sec:
27 (o
3 et even - ERROR tecording e fiom PGB @
% aten
< 3¢ >

Figure: RTP Action Scripting
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Audio File Converter Utility (AFC)

PacketGen™ now transmits and records voice files using a GL
proprietary file format (.glw). The accompanying GL Audio File
Converter Utility (AFC) will automatically convert any voice file,
into *.glw file format and vice versa. This allows the ability to
send/receive voice files at a higher density with multiple codecs
(the file is predefined with the desired codec). It also allows for
Discontinuous Transmission/Reception.

The Auto FCU (part of AFCU) is generally used in conjunction with
GL's VQT application and converts degraded voice files from their
native codec format to a standard format used by VQT. The
Command line interface (CLI) in AFCU allows the users to load,
start, and stop Auto FCU configurations, convert single file (raw /
wav / glw file) of one codec to another file format of a different
codec using the commands.

Audio Stream Utility

The existing "Playback" feature is used to play the selected call to
speaker on the local computer (SIP/RTP core). To allow these calls
to be heard from remote systems, GL has introduced Audio
Stream Utility with PacketGen™. This utility automatically streams
the voice of a selected call to a speaker on a remote system.

Voice Quality Testing using PacketGen™

PacketGen™ can be used to establish calls and send/record voice
files over the IP network. These voice files are then analyzed using
GL’s Voice Quality Testing (VQT) application as per ITU algorithms.
Voice Quality testing can be completely automated using Packet-
Gen™ CLI, RTP Action scripting, along with ASR Listener, FCU and
VQT software.

Command Line Interface

In addition to the GUI, PacketGen™ can also be operated through
a Command Line Interface (CLI). All the functionalities of the
PacketGen™ GUI are supported, except the configuration
functions. Users can thus operate PacketGen™ from a DOS based
console (instead of the GUI) or easily integrate PacketGen™ into
their own applications.

et C:\WINDOWS\system32\cmd.exe

[C:\Program Files\GL Communications Inc\PacketGen>pgcli init

[PacketGen CLI Ready
IC:\Programn Files\GL Communications Inc\PacketGen>pgcli load sipsetup configldefa
ult];

load sipsetup config“default";
Success

IC:\Progran Files\GL Communications Inc\PacketGen>pgcli start sipsetup config;

start sipsetup config;

[SIP Application192.168.1.191 already running
ISoftware RTP Application192.168.1.191 already »unning
ISIP Application192.168.1.78 already running

[Software RIP Application192.168.1.78 already running
Success

C:\Progran Files\GL Communications Inc\PacketGen>_

Figure: Command Line Interface

Buyer’s Guide
PKS100 — PacketGen™ (includes PacketScan™)

PKS101 - SIP Core (additional)

PKS102 - RTP Soft Core (additional)
PCD102 - iSAC Codec for PacketGen™
PCD103 - AMR Codec for PacketGen™
PCD104 - EVRC Codec for PacketGen™
PCD105 - EVRC-B Codec for PacketGen™
PCD106 - EVRC-C Codec for PacketGen™

Related Software

PKS110 - Packet H. 323

PKV100 - PacketScan™ (Online and Offline)

PKB100 - RTP ToolBox™

PKS120 - MAPS™ SIP Emulator

PKS121 - SIP Conformance Test Suite (Test Scripts)
PKS122 - MAPS™ MEGACO

PKS123 - MAPS™ MEGACO Conformance Suite (Test Scripts)
PKS124 - MAPS™-MGCP

PKS125 - MAPS™ MGCP Conformance Suite (Test Scripts)
PKS130 - MAPS™ SIGTRAN

PKS135 - MAPS™ ISDN-SIGTRAN (ISDN over IP)

PKS140 - MAPS™ LTE-S1 interface

PKS142 - MAPS™-LTE eGTP

PKV107 - LTE Analyzer

PKV105 - SIGTRAN Analyzer

IPN400 - IPNetSim™ - 1Gbps w/ 4 links through bandwidth
EXT002 - GL Insight™ - Single Fax Analysis — IP

MDTO002 - GL Insight™ - Single Modem Analysis — IP
PKS150 - TDM / VolP Gateway w/ Analog and Digital Interfaces
VQT004 - Voice Quality Testing (PAMS, PSQM, PESQ)
VQT013 - VQuad™ with SIP (VolP) Call Control

VBAO032 — Near Real-time Voice-band Analyzer

PKBO70 - Audio Processing Utility

*Specifications are subject to change without notice.
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