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Overview

Message Automation & Protocol Simulation (MAPS™) designed for SIP testing can simulate SIP entities such as User Agents (User
Agent Client- UAC, User Agent Server-UAS), Redirect and Registrant servers. This test tool/traffic generator can be used to simulate any
interface in a SIP network and perform protocol conformance testing (SIP protocol implementation).

The application is available as MAPS™ SIP (PKS120) and MAPS™ SIP Conformance (PKS121).

The MAPS™ SIP Conformance Suite (PKS121) is designed with 400+ test cases, as per SIP specification of ETSI TS 102 027-2 V4.1.1 (2006
-07) standard.

MAPS™ can support transmission and detection of various RTP audio traffic such as, digits, voice file, single tone, dual tones, FAX,
Dynamic VF, and Video Quality testing over IP networks, with additional RTP traffic licensing. For more details, refer to RTP Traffic
Simulation.

The RTP Video Traffic Generation capability is now added to GL's MAPS™ SIP emulator. During bulk Video call simulation, pre-recorded
video traces (*.HDL GL’s Proprietary format) supporting video codecs like H.264, H.263 and VP8 are transmitted over established
sessions. It has the capability of generating more than 500 simultaneous video calls on a core i7 systems.

MAPS™ SIP supports Message Session Relay Protocol (MSRP) for instant messaging over SIP sessions (PKS112), conforming to RFC
4975 MSRP protocol specifications. It can be used to simulate SIP/MSRP User Agents in an NG9-1-1 network and send and receive
communications over ESInets. The supported call types include IM Only Calls, Audio and IM Calls, and Video and IM Calls between
multiple UAs.

MAPS™ SIP supports FAX over IP (FolP) simulation and monitoring. With Additional licensing, both RTP G.711 Pass Through Fax
Simulation (PKS200) and T.38 Fax Simulation over UDPTL (PKS211) simulation are supported.

MAPS™ SIP supports Interactive Voice Response (IVR) testing that recognizes and responds to voice prompts using DTMF digits or
voice, allowing automated IVR traversal and testing.

MAPS™ supports Command Line Interface (CLI) allowing remote controlling of the application through multiple command-line based
clients.

GL's MAPS™ SIP is also available in High Density version (requires a special purpose 1U network appliance and PKS109 RTP HD licenses).
This is capable of high call intensity (hundreds of calls/sec) and high volume of sustained calls (100K — 200K simultaneous calls with
scaling).

MAPS™ supports stress and load testing with massive UA generation using CSV based profiles configured with 'n’ number of User Agent
(UA) unique parameters.

For more information, refer to MAPS™ SIP Protocol Emulator webpage.
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Main Features

Signaling

e Generates and processes SIP valid and invalid messages

e Supports complete customization of scripts, user agent parameters, SIP headers, SDP headers, call flow, and messages

e Supports IPv4 /IPv6 and transport over UDP, TCP, SSL and TLS (Version 1.0 and 1.2)

e Handles Retransmissions of messages with specific interval

e Scripted call generation and call reception

e Supports joining a conference call, unattended call transfer, attended call transfer, call hold, auto call rejection, and silence
packets generation

o Ability to send "reliable provisional responses" and start early media actions

e Supports in dialog and out of dialog transactions for SUBSCRIBE, NOTIFY, OPTIONS, REFER and INFO SIP methods

e Ability to implement IP Spoofing for any network like Class C, Class B etc.

Traffic

e Supports transmission and detection of various RTP traffic such as, digits, voice file, single tone, dual tones, FAX, Dynamic VF,
IVR, and Video Quality over IP networks

e Supports different traffic options across simultaneous calls

e Supports almost all industry standard codec types - G.711 (mu-Law and A-Law), G.722, G.729, G.726, GSM, AMR, EVRC, SMV,
iLBC, SPEEX, EVS, OPUS and more. Click here for comprehensive information on supported codecs. *AMR and EVRC variants
require additional licenses

e Supports both RTP G.711 Pass Through Fax Simulation (PKS200) and T.38 Fax Simulation over UDPTL (PKS211) simulation over IP

e Impairments can be applied to RTP traffic simulating error conditions that occur in real-time networks

e Bulk Video call generation supported with H.264, H.263, and VP8 video codecs

e Supports Secure Real-time Transport Protocol (or SRTP) traffic initialized over TLS (Transport Layer Security) or SSL (OpenSSL)

e Supports simulation of MSRP sessions - IM Only Calls, Audio and IM Calls, and Video and IM Call types

e Supports simulation of short message services (SMS) over IP/IMS network via IP-SM-GW IMS entity

Reports

e Reports call control statistics - number of outgoing and incoming calls, number of SIP registrations, SIP options, SIP message
statistics, and MSRP statistics

e Detailed test result reports generation in PDF file format

e Option to send complete test report (traffic information and call events) to a central database, such as Oracle

e Provides voice quality metrics such as Listening MOS, Conversational MOS, Packet loss, Discarded Packets, Out of Sequence
Packets, Duplicate Packets, Delay and Jitter

e Option to calculate and update RTP statistics per call periodically during run-time to a csv file

Bulk Call Capability

e Capable of high call intensity (hundreds of calls/sec) and high volume of sustained calls (100K - 200K simultaneous calls with
scaling)

e Enhanced with CSV based profiles feature supporting massive UA simulation (up to 32,000 users)

e Performance:
— Only Signaling Simulation - up to 100,000 active calls, 500 cps **

— With RTP Traffic - up to 2000 active calls (Voice), 250 cps **
— With RTP HD - up to 32000 active calls (Voice), 250 CPS (Requires PKS109 + GL’s HD NIC)

** Based on System Requirements — Windows® Server, 64 GB RAM, Intel(R) Xeon(R) Silver 4210 CPU @2.20GHz 2.19GHz
Other Features

e Supports Interactive Voice Response (IVR), automate the IVR testing process
e Supported on Windows® 10, Windows® Server operating systems
e Supports 64-bit version to enhance signaling performance

© GL Communications Inc.
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Main Features (Contd.)

CL
e CLlinterface (PKS170) based on a client-server model allows users to control all features of MAPS™ through APIs
e Supported clients are TCL, Java, Python and C# (Linux and Windows)

Applications

o Fully integrated, complete test environment for SIP

e Supports testing UAC, UAS, Proxy, Registrars, Registrants, Redirect Servers, Gateways, and other SIP entities
Handles strict routing & loose routing, when requests are routed through proxies

Testing NG9-1-1 emergency services and components within the ESInet

Configuration Scenarios

Scenario 1: MAPS™ acting as UAS and testing UAC
MAPS™ acting as UAS receives messages from UAC (DUT) that generates SIP messages.

MAPS™ DUT

Scenario 2: MAPS™ acting as UAC & testing Redirect Server / UAS

MAPS™ can be configured to act as UAC and to test Redirect Server and/or UAS. This allows the redirection call scenarios to be
automated and test DUTSs.

MAPS™

DUT

Scenario 3: MAPS™ acting as Registrant to test Registrar

MAPS™ can be configured to act as Registrant and to generate registration request messages to automate the entire Registrar (DUT)
testing.

REGISTER

Registrant Registrar

Document Number: PKS120-01 @ GL Communicatians Inc.
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Scenario 4: MAPS™ acting as UAS and UAC to test Proxy Server
MAPS™ can be configured to act as UAC and UAS simultaneously so that entire Proxy testing can be automated.

MAPS

Scenario 5: End-to-End Gateway Testing

MAPS™ can be used as a tool to evaluate Gateway / ATA product features such as call connectivity, call signaling, traffic generation,
voice quality testing, codec, and hundreds of other features. The below image shows End to End Gateway Testing.

Document Number: PKS120-01
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MAPS™ S|P Call Flow Scenarios

SIP Registration and Call Control Procedure

MAPS™ SIP configured as Client (Caller) registers with the Server by sending initial REGISTER request message. Registration procedure
is completed on receiving 200 OK reply message.

Once registration process is completed, call control script proceeds with the call establishment and RTP Media flow in both the ways
allowing conversation to carry out between the entities.

User Agent
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Pre-processing Tools

SCRIPT EDITOR - The script editor allows the user to create / edit scripts and access protocol fields as variables for the message template
parameters. The script uses pre-defined message templates to perform send and receive actions.
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Figure: Script Editor
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Pre-processing Tools (Contd.)

PROFILE EDITOR - This feature allows to edit the values of the variables used in the message templates. During call simulation these
values replace the original values of the variables in the message template. Each profile is an XML based file that defines multiple
configuration parameter values necessary for simulating calls. Profile Editor allows users to create their own profiles to suit their

custom scripts.

For example, traffic profiles includes configurations for defining RTP traffic options- Digits, Voice File, Tones, Fax, IVR, and User-defined
traffic. The call type parameter can be set to Video or Audio type to support RTP Video & Voice Traffic Generation. The transport types

parameter can be set to UDP, TCP and TLS. Additionally, it also includes MSRP parameters for supporting Instant Messaging (IM).

1APS (SIP IETF ) - [Profile Editor -UserAgent Profiles] - D0 X
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Figure: Profile Editor

Call Generation and Reception

In call generation, MAPS™ is configured for the out going messages, while in call receive mode, it is configured to respond to incoming

messages. Tests can be configured to run once, multiple iterations and continuously. Also, allows users to create multiple entries using
quick configuration feature.

The editor allows to run the added scripts sequentially (order in which the scripts are added in the window) or randomly (any script
from the list of added script as per the call flow requirements).

The test scripts are started manually at call generation; and at the call reception, the script is automatically triggered by incoming

messages.
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Generation of Fax Calls (T.30 and T.38)

MAPS™ SIP can initiate a typical SIP call to the ATA which is configured in Pass through fax mode. Now, the ATA will initiate the call to
the connected real time fax machine. Once the call is established MAPS™ can transmit pre-recorded tiff image in pass-through mode
to the fax machine at the other end. Similarly, fax generated from real fax machine can be recorded in the tiff format, and the fax call
flow can be analysed in-detail for further troubleshooting.

GL's MAPS™ SIP is a useful tool for simulation of T.38 fax call. It uses SIP signaling to establish the fax session. It generates Re-Invite to
switch from audio mode to image (FAX) mode. Fax Call Generation using MAPS™ as shown in the below screenshots.
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Instant Messaging using SIP/MSRP

MAPS™ SIP supports Message Session Relay Protocol (MSRP) for instant messaging over SIP sessions (PKS112). MAPS™ SIP handles
simulation of Audio and Video along with IM call, during which the pre-recorded audio/video is sent and received using RTP and text
messages using MSRP during the same call. During this call type, there will be three media lines, one for Audio, one for Video and
another for text messages using MSRP. The below screenshots depicts Audio, Video and IM Call types Simulation.
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Bulk Video Call Generation

Video Call Simulation in MAPS™ SIP is done by using pre-recorded video traces (*.HDL GL's Proprietary format) with supporting codecs
like H.264, H.263 and VP8. It has the capability of generating more than 500 simultaneous video calls on a core i7 systems. Below
screenshot depicts the bulk video call simulation and RTP video transmission.
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It also provides global statistics for RTP traffic such as Listening MOS, Conversational MOS, PacketLoss, Discarded Packets, Out of
Sequence Packets, Duplicate Packets, Delay and Jitter.
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SIP Conformance Testing

MAPS™ include inbuilt scripts (*.gls) for Proxy conformance, Redirect Server conformance, Registrar conformance, UAC conformance,
and UAS conformance to test the Proxy, Redirect Server, Registrar, UAC, and UAS as per ETSI standard.

Sequences Tested:

e Test Purposes For Registration

Test Purposes For Call Control (UAC)

[ ]

e Test Purposes For Call Control (UAS)
e Test Purposes For Proxy

L]

Test Purposes For Redirect Servers

P T —

a ranh

Refer to MAPS™ SIP Conformance Test Suite (PKS121) brochure for more details. The below screenshot depicts UAS Conformance

Script.
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% Configurations Emulator Reports Editar Debug Tools Windews Help HEE
O ER BN N K
FLss @R 56 £ 9
HR . El =
Srio Seiipt Name Profle Info Seript Executian Status Events Eve  Resut Totallerations  Camplted herations ~
1 TE. gl P 2 Start [ Call Teminated None. I Pass 1 =
2 I Profile Start | Hone | Unknown 1 [
3 UAC_SIP_CC_TE_CE_Y_003 gle Frofile01 Stat | Mone | Unknown 1 (]
4 UAC_SIP_CC_TE_CE_V_004 gls Profiled Start | Hone | Unknown 1 0
5 UAC_SIP_CC_TE_CE_Y_005 gl Frofile01 Stat | Mone | Unknown 1 (]
. VAC SIB P TE CE e A Bunfiamt i i [T— Vb, | o <
< [0 >
Add Delete | Insert  Refresh Start Start All Stop All Abort | Abort All
Save Column Width {7 [V] Show Latest
Find
MAPS Ut "
TNVITE sip:000le1sz.lse.le.lzz SI3/Z.0 ~
NI 7.57:02.149000 Wia: 8TP/2.0/UDP 152.168.12.218:5060 L 11_2776666 11
Max-Forvards: 70
100 Tying e |A11ew: INVITE,EYE,CANCEL,ACK,INFO,PRACK,COMET,0PTIONS, SUBSCRIER, NOTIFY, RECISTER, UPDATE
Trom: Mapseip <sip:00DIGL9Z.168.12.218>rrag=FrenTag 8 Z77666610-3007-3548
180 Ringing To: 0001 <sip:0001@192.168.12.122>
7.57.02.278000 Call-ID: Maps_CallID_10_z77666510-3008-3548
200 0K Cieq: 5 INVITE
7:57:02.393000 Contact: D00 <sip:00D1G192.168.12.218-
TR Content-Type: application/sds
757.02.394000 Comtant-Lengen: 218 =
BYE
7.57.02.395000
o=0001 33852338 33852938 IN IP4 192.168.12.218
200 0K, -
TR/ <=IN IP4 192.168.12.218
=0 0
lmesudie 8000 RTP/AVF O 101
a=repnep:0 pemUszo00
asrtpusp:101 telephons-svent/8000
assucp:101 0-15
amprine: 20
< n > ”a:send:e:v -
Sciipls ) Message Sequence  EventConfig % Sciipt Flow

© GL Communications Inc.


https://www.gl.com/sip-rtp-protocol-simulator-maps.html
http://www.gl.com/images/brochures/sip-protocol-tester-maps-brochure-bulk-video-call-generation.jpg
http://www.gl.com/images/brochures/sip-protocol-tester-maps-brochure-uas-conformance.jpg

Page 9

SMS Call Simulation over IP/IMS

GL's MAPS™ SIP facilitates Short Message Service (SMS) send/receive across SIP-IMS network interfaces. In testing end to end, a
“smartphone app” is commanded to send or receive SMS messages and record results such as pass or fail.

As per the figure below, MAPS™ SIP application is configured as UEs initiating the SMS call and to accept and respond to request
messages. Both the end terminals (UAs) are registered with the IP-SM-GW server.

MAPS™ SIP is also configured to act as IP-SM-GW elements receiving and processing the SIP messages in IMS network. The below
screenshots depicts SMS Call Simulation over IP/IMS using MAPS™.

= S |

|4, Configurations Emulstor Reports Editor Debug Took Windows Help

y EN r NEYEY Y " " : =
o 2B s %‘ ® @ ) | of & | VA B ‘z' 1 @ 5 chﬁguran;ns Emulstor Reports Editor Debug Tools Windows  Help ]
: A =, j i 3 L C D
= 8% REGBss BRI E 6 a5 dle
S| =
51 No | Seipt Name [ Fofie [ Callinie [ SrNo [ SeriptHame [ F..[ Calllnfo [ Secript Execution [ Status [ Events Event... | Resuls [ 4]
1 SipRegistilionContiolgs  Profle0001  GL-MAPS-1-30015463-2703-3764@1 Stop Regsl || 3 IPSMGWCalContiolgls ProtScriptld 8102653543591 3412 Completed Client Enor Hone Unknawn
2 SigR Conolgs | Profie0002  GL-MAPS-1-30020533-271 4-2356@1 Stap Regisl|| 4  IPSMGWTalContol s FiegisteredUE::, 0001 @192 16812212 Stop UE Registered Hone Fass
s | Profieninl |CGFrotSeriptid &80 Start | sMss 5 IPSMGEWCalContol ols FiegisteredUE - 0002@192 168 12.212 Stop UE Registersd Hone Pass
6 IPSMGWEalContol gls FrotS criptld-7-1 02686291-604-2800 Completed SMS-SentTo-UE Hone Pess
< 7 IPSMGWCalContol gls Frots eriptld-15-102586:330-514-3845 Completed SMS-Delivered None Pass
8 IPSMGWCalContiol gls ProtSeriptld-10-102766871-617-3336 Completed SMS-Sent-To-UE None Pass
Delete | Tnsert | Refresh | star | stenad | ciop [v| swpal f| b | abort el 3 Completed None Pass
ﬂ s | Completed None |
Save | Coumnwith —jp——— T Showlatest 1 PretS erintlA-1-1M4AARNTA-RAN-1 FOR Comnleted | SMS-Deliverer More | Pass Jhd|
]
MaPS DUt | [ [ stoe_J stopa | abort [abortal [ W showRecords [ Select Active call [ Auto Trash  Trash
MESSAGE - SMSSUBMIT ) aoss
il ol Save | Colmnwidh —F———— [ ShawLatest
202 Accepled Fron:
<4 . Find
<4 11:46:15.787000 Fren ot RS i |
Call-: MESSAGE sip:8856437223118152 16812 212 SIP/Z.0
coeq: MESSAGE -~ 5MS-SUBMIT 15:51:25.283000 Via: $IP/2.0/UDP 192.168.12.212:5060;branch=z3hC4bK-19-104887969-2320
Contar Doute: €sip:192 16812 213:5080:1rs
Cont.es 202 Accepted 155125 286000 From: <sip:0001@19%.168.1%.217=;tag=FromTag-16-104887969-2817-2424
ji1low To: <sip:995643722311M1592.168.12. 212
Max-F. MESSAGE - SMS-SUBMIT-REPORT Call-ID: GL-MAPS-18-104887969-2819-2424R192. 168 12217
Reue 15.51:25.294000 Coem: 1 MESHCE
Contel 200 OK Contact:<sip:0001@192. 16812212+
15:51:25.303000 Comtent-Type: applicationfwmd. 3gpp.sus
K} | i3 |11 MESSAGE - SMSDELIVER Allow: INVITE,ACK,0OPTIONS,CAMCEL,BYE,UPDATE, INFO, REFER, NOTIFY, MESSAGE,
= 15.51:25.311000 Max-Forwards: 70
\_Sciits b Message Seauence { Evenl Corfig %, SciptFlow /. i oDt mosation: no-fork
Content-Length: 27
@ Initialisation Errors | @ ErorEvents lo-aiza520000 o
SHS Layer =
RP-Nessage-Header =
0000 RP-Mesge Type_ Ind(MTI} = e 000 RP-DATA(MS-:
n | | © Rhhmnnan res
N, Scipts ', Message Sequence /( Event Config )\ Script Flow )\ Capturs Events /
@ Intislisation Errors | @ Error Everts | @ captured Errars | @ LinkstatusL /|

SIP Speech to Text Interactive Voice Response (IVR)

MAPS™ SIP with GL’'s Speech Transcription Server provides automated IVR testing by using speech to text to navigate through an IVR
tree. IVR prompts are recorded by MAPS™ SIP and transcribed by the Speech Transcription Server. Transcribed text is compared to an
expected text at each IVR stage to confirm the prompt.

Once the IVR prompt is confirmed, MAPS™ sends DTMF or voice-based responses to move to the next stage. The expected IVR
prompts and responses are defined by the customer to ensure completely customizable tests that are suitable for all IVR systems.

[ MAPS (Message Automation Protocol Simulation) (SIP) (MSRP) - [Call Generation - CallGenDefault] - o x
4, Configurations Emulator Reports Editor DebugTools Windows Help -[®]x
o 7| Z = MRS
E L3 PN %/ 00 0% % |9
HE . B&
StNo [ Sciipt Name. [ Profile [ Callinfo | Sciipt Execution [ Status [ Events [ Events Profile [Resut_~
3 SipCalControl gl Xbox GLMAPS-16-1305510-5303 6508@50.76.16.185 Start | PCMU Cal Teminated Noe | Pa
cCalco 0 Start [ 2 ecinated Nona | I
< >
Delete | Insert | Refresh | start | startar [¥| stop i [w| | Abort At |
Save | CoumWidh ——f—— [ ShowLatest
e 07:26:35.042000 & fod
¢ Stage 1: Wekcome to GL communications PR
¢ ‘Stage 1: If you know your parties extension you can download at anytime. 07.26.45.625000
Stage 1: For sales press 1 sip:
e — e Ca11-10: GL-MAPS-20-5
Stage 1: For Technical Support Press 2
il 784 <sip:301€704784@50.7€.1€.188:
: plication/sdp
Stage 1: 0r 3 Yo e 2 e
Digis Transmited :: 3

€704784 38929794 1 IN IP4 50.7€.1€.185
s=SIP Call
c=IN IP4 50.7€.1€.185

Stage 2: Welcome to the directory Please enter the first 3 letters of your party's last name
e

07:27.06.247000

1age 2 Using your touch tone keypad use the Seven key for @ and the nine key forZ Imsony | - 10 14000

Digts Transmited : 926

BYE 07:27:20.786000
< 200K 07:27:20.343000
< > v
Scripts }usagem/( Event Config )\ Script Flow
e Errors @ Error Events @ Coptured Errors @ _Link Status Up=0 Down=0

© GL Communications Inc.
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Voice Quality Statistics
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MAPS™ SIP provides global voice quality statistics on RTP, which includes metrics such as Listening MQOS, Conversational MOS,
PacketLoss, Discarded Packets, Out of Sequence Packets, Duplicate Packets, Delay and Jitter. These statistics are calculated and

updated periodically on run time.

MSRP Statistics

W Configurations Emulator Reports Editor DebugTools Windows Help

QB s@R 7Y 5

.
)

- & x

0 S

HER
MSRP Statistics | Voice Quality Statistics |

Delete Tab

Name Values [
Active RTP Sessions ]
Completed RTP Sessions 1
Sessions With Zero Receive Traffic a

a
MOS Score Stats 0

0
Sessions with Mos (5.0 -4.0) 1 [100°%]
Sessions with Mos (4.0 - 3.0) 0 [0%]
Sessions with Mos { 3.0 - 2.0) 0 [0%]
Sessions with Mos ( < 2.0) ] [096]

]
Total RTP Packet Sent 1451
Total RTP Packet Received 1451

a
Packet- oss Stats 0

a
Total PacketLoss [] [0%]
Sessions with Zero Packet- oss 1 [100%]
Sessions with Packet-Loss(=<1%) 0 [o%]
Sessions with Packet-Loss(1% - 5%) ] [0%]
Sessions with Packet-_oss(5% - 10%) 0 [0%]
Sessions with Packet-Loss(=10%) 0 [0%]

a
Packet-Discarded Stats ]

0
Total PacketDiscarded 0 [0%)]
Sessions with Zero Packet-Discard 1 [100°%]
Sessions with Packet-Discard{<1%%) 0 [0%]
Sessions with Packet-Discard{1% - 5%) 0 [0%]
Sessions with Packet-Discard(5% - 10%;) ] [0%]
Sessions with Packet-Discard(>10%) 0 [0%]

0
Packet-Duplicate Stats ]

]
Total Duplicate Packet 0 [0%]
Sessions with Zero Duplicate Packets 1 [100%]
Sessions with Duplicate Packets(<1%) 0 [0%)]
Sessions with Duplicate Packets(1% - 5%) 0 [0%]
Sessions with Duplicate Packets(5% - 10%) 0 [0%]
Sessions with Duplicate Packets(>10%) [] [0%]

0
Packet-Out OFf Sequence Stats 0 [0%]

a
Total Out Of Sequence Packet 0 [0%]
Sessions with Zero 0OS Packets 1 [100%]
Sessions with 005 Packets(<1%:) ] [096]
Sessions with 005 Packets{1% - 5%) 0 [0%)]
Sessions with 005 Packets(5% - 10%) 0 [0%]
Sessions with O0S Packets(>10%) 0 [0%]

a
Jitter Stats 0

0
Sessions with Jitter( < 1 msec) 1 [100°%]
Sessions with Jitter( < 5 msec) 0 [0%]
Sessions With Jitter (< 10 msec) 0 [0%]
Sessions With Jitter(>= 10 msec) ] [096]

mnsert | add | Delete | mdit |

@ Initialisation Errors

@ Error Events

MAPS™ SIP also provides MSRP statistics including metrics such as Total MSRP Messages Sent, Received, Bytes Sent, and Bytes
Received. These statistics are calculated and updated periodically on run time. The below screenshot shows User Defined MSRP

Statistics.

| User Defined Statistics - Uzer_Defined_Statistics

(= & =)

H R

MSRP Statistics | voice Quality Statistics |

Add Tab | Delete Tab

<

msert | Add | Delete | it

Mame Values

o}
Total MSRP Messages Sent 4930
Total MSRF Messages Received 4258
Total MSRP Message Bytes Sent 1417375
Total MSRP Message Bytes Received 1236235

© GL Communications Inc.
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MAPS™ SIP Command Line Interface

MAPS™ can be configured as server-side application, to enable remote controlling of the application through multiple command-line
based clients. Supported clients include Python, Java, and TCL. Client provides a simple scripting language, with programming facilities
Clients can remotely perform all functions such as start testbed setup, load scripts, and profiles, apply user events such as send digits/
file/tones, detect digits/file/tones, dial, originate call, terminate call, start and stop traffic and so on. User can also generate and
receive calls through commands. The figure below depicts MAPS™ Python Client Interface used to place call and handle traffic
between the end terminals. Also, observe the executed commands in the MAPS™ CLI Server window after completing the call.

|.& Python 3.7.3 Shell
File Edit Shell Debug Options Window Help
Python 3.7.3 (v3.7.3:ef4ecfedl2, Mar 25 2019, 22:22:05) [MSC v.1916 64 bit (AMD64)] on win32
Type "help"”, "copyright"”, "credits" or "license()" for more information.
>>>
RESTART: C:\Program Files\GL Communications Inc\MAPS-SIP\PythonClient\examples\SIP\SipBasicCall.py
SERVER INITIALIZED
CONNECTED
Negotiated Codec = PCMU

CHOS = 4.19531

LMOS = 4.19531
CR_FACTOR = 93
LR_FACTOR = 93
TX_PACKETS = 501
RX_PACKETS = 712
LOST_PACKETS = O
DISCARDED_PACKETS = 0
OUT_OF SEQ PACKETS = 0
DUPLICATE PACKETS = 0
AVG_JITTER = 0.125

12:24:01.120 -> INVITE

INVITE sip:0001@192.168.12.209 SIP/2.0

Via: SIP/2.0/UDP 192.168.12.216:5060;branch=z9hG4bK-4-1348328288-22704-17372
Max-Forwards: 70

Allow: INVITE,BYE,CANCEL, ACK, INFO,OPTIONS, SUBSCRIBE,NOTIFY, REFER, REGISTER, UPDATE
From: 1231230001 <sip:1231230001@192.168.12.216>; tag=FromTag-1-1348328288-22701-17372
To: 0001 <sip:0001@192.168.12.209>

Call-ID: GL-MAPS-3-1348328288-22703-173720192.168.12.216

CSeq: 1 INVITE

Contact: 1231230001 <sip:12312300018192.168.12.216>

Content-Type: application/sdp

Content-Length: 269

v=0

0=1231230001 39377840 1 IN IP4 192.168.12.216
s=SIP Call

c=IN IP4 192.168.12.216

t=0 0

r=audio 1024 RTP/AVP 18 0 101

a=rtpmap:18 G729/8000

a-fmr.p 18 annexb =no

i o AT LAAAA

CTi MapsCLI (SIP IETF)
5 File Edit View
=2 = | x

[V view Latest Command

S i1 2020-7-3 13:06:18.333000 : Start "TestBedDefault.xml" ;
S i 2020-7-3 13:06:18.442000 : LoadProfile "UserAgent_Profiles. xml"

S :: 2020-7-3 13:06:18.770000 : Apply Global Configuration # “_EnableCLI"=1;

S :: 2020-7-3 13:06:18.771000 : StartScript 1 "SipCallControl.gls" "Profile0001" 1 ;

S :: 2020-7-3 13:06:18.880000 : UserEvent 1 "SetVariable"# "Contact"="1231230001@192.168.12.216";

S :: 2020-7-3 13:06:18.991000 : UserEvent 1 "SetVariable"# "AddressOfRecord"="1231230001@192.168.12.216";
S :: 2020-7-3 13:06:19.105000 : UserEvent 1 "SetVariable"# "RtplpAddress"="192.168.12.216";

S i1 2020-7-3 13:06:19,209000 : UserEvent 1 "SetVariable"# "To"="0001@192.168.12.209";

S i 2020-7-3 13:06:19,318000 : UserEvent 1 "SetVariable"# "Packetizationtime"="20";

S :: 2020-7-3 13:06:19.429000 : UserEvent 1 "SetVariable"# "OvrCodecListSize"=3;

S i 2020-7-3 13:06:19,540000 : UserEvent 1 "SetVariable"# "OvrCodecList[0]"= "G729"
S 11 2020-7-3 13:06:19.646000 : UserEvent 1 "SetVariable"# "OvrPayloadList[0]
S 11 2020-7-3 13:06:19.756000 : UserEvent 1 "SetVariable"# "OvrCodecList[1]"
S i1 2020-7-3 13:06:19.864000 : UserEvent 1 "SetVariable"# "OvrPayloadList[1]"=
S i 2020-7-3 13:06:19,979000 : UserEvent 1 "SetVariable"# "OvrCodecList[2]" telephone -event”;
S :: 2020-7-3 13:06:20.085000 : UserEvent 1 "SetVariable"# "OvrPayloadList[2]"=101;

S i1 2020-7-3 13:06:20.192000 : UserEvent 1 "RTP_CreateSession";
S
38
S
512

S i
S
38
5
oty
S
8
S
S
oiss

S

2020-7-3 13:06:24.349000 : UserEvent 1 "GetCallStatus";
2020-7-3 13:06:24.460000 : UserEvent 1 "GetNegotlatedCodec
2020-7-3 13:06:24.569000 : UserEvent 1 "SendFile"# TxFlIeName" "voicefiles\Send\G71 1 ULAW!Vijay.glw","TxFileDuration"=10;
2020-7-3 13:06:34.635000 : UserEvent 1 "GetVoiceQualityStats";
2020-7-3 13:06:34.739000 : UserEvent 1 "SIP_TerminateCall";
2020-7-3 13:06:34.848000 : UserEvent 1 "GetMessageCount";
2020-7-3 13:06:34,957000 : UserEvent 1 "GetMessagelnfo"# "Index"
2020-7-3 13:06:35.067000 : UserEvent 1 "GetMessagelnfo"# "Inde
2020-7-3 13:06:35.178000 : UserEvent 1 "GetMessagelnfo"# "Inde
2020-7-3 13:06:35.290000 : UserEvent 1 "GetMessagelnfo“# "Inde:
2020-7-3 13:06:35.397000 : UserEvent 1 "GetMessageInfo"# “Inde
2020-7-3 13:06:35.510000 : UserEvent 1 "GetMessagelnfo"# "Index"=5;
2020-7-3 13:06:35.616000 : UserEvent 1 "GetMessagelnfo"# "Index" —6
2020-7-3 13:06:35.724000 : StopScript 1;

erverLog:errCode = 0,errString = connection has been gracefully closed for Clientld =S
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Bulk Call Generation using CSV profiles

The CSV database system used within MAPS™ SIP is a simple Excel® file format, which can be used to create N number of UA entries
each with unique UA parameters such as Contact, Address of Record, To Address, RTP Address as in real-time bulk call simulation. For
MAPS™ to work with CSV profiles, it is required to enable CSV Profile. They get initialized when test bed is started. The records are
accessed using the commands within the scripts. The below screenshot shows sample CSV file and Call Generation using CSV file.

Q Tell m

Help

oOa B =
™ o . i) ‘:.5 %mmsm b3 éY ,C)
Egy - - £ Delete = -
Paste - B I U 0 o Conditional Formatas  Cell e Sort & Find &
- Formatting~  Table  Styles~ [ Format ~ 7 Filter~ Select~
Clipboard 15 Font ] Alignment ) Mumber ) Styles Cells Editing A
AL i Fe || Contact e
A B C D E F G H -
1 |Contact lAddressOfRecnrd To Subnethask  username  password  ReferTo
2 |1000(@192.168.12.26 1000@192.168.12.26  0001@192.168.12,20% 255.2553.235.0 g gl 0001@192.168.12.216
3 |1001(@192.168.12.27 1001@192.168.12.27  0001@192.168,12,208 255.2553.235.0 g gl 0001@192.168.12.216
4 |1002@192.168.12.28 1002@192.168.12.28  0001@192.168.12,20% 255.2553.235.0 g gl 0001@192.168.12.216
5 |1003@192.188.12.31 1003@192.168.12.31  0001@152.168.12,208 255.255.2535.0 g gl 0001@192.168.12.216
6 |1004®192.168.12.34 1004@192.168.12.34  0001@152.168.,12,208 255.255.2535.0 g gl 0001@192.168.12.216
7 |1005(@192.168.12.216 1005@192.168.12.216 0001@192.165.12.208 255.255.255.0 g gl 0001@192.168.12.216
8 |1006(@192.168.12.216 1006@192.168.12.216 0001@192.165.12.208 255.255.255.0 g gl 0001@192.168.12.216
9 |1007@192.168.12.216 1007@192.168.12.216  0001e@192.165.12.208 255.255.255.0 g gl 0001@192.168.12.216
10|1008@192.168.12.216 1008@192.168.12.216 0001e@192.165.12.208 255.255.255.0 g gl 0001@192.168.12.216
11|1009@192,168.12.217 1009@192.168.12.217 0001/2182.168.12.209 255.255.255.0 g gl 0001@192.162.12.216
12 |1010@192,168.12.216 1010@192.168.12.216 0001/2182.168.12.209 255.255.255.0 g gl 0001@192.162.12.216
12 |1011@192,168.12.218 1011@192.168.12.218 0001/2182.168.12.209 255.255.255.0 g gl 0001@192.162.12.216
14 |1012@192,168.12.216 1012@192.168.12.216 0001/@182.168.12.209 255.255.255.0 g gl 0001@192.162.12.216
15 |1012@192,168.12.216 1013@192.168.12.216 0001/2182.168.12.209 255.295.255.0 g gl 0001@192.162.12.216
16 |1014@192,168.12.216 1014@192.168.12.216 0001/2182.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
17 |1015@192,168,.12.234 1015@192.168.12.234 0001/2182.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
18 |101e@192,168.12.216 1016@192.168.12.216 0001/2182.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
19 |1017@192,166.12.216 1017@192.168.12.216 0001/@192.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
201018@192.168.12.216 1018@192.168.12.216 0001/@192.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
211013@192.168.12.216 1019@192.168.12.216 0001/@192.168.12.209 255.295.255.0 g gl 0001@192.168.12.216
22
23l h
® < >
Ready B mo- 1 + 100%
@ MAPS ...
. Configurations Emulator Reports  Editor  Windows Help HEE]
. et 5 % # &
o5 B e & Y ¥ e
H B [dal
n . L
SrHa Script Name Profile CallInfo Seript Execution Status Events Result Total lterat A&
il @ 1 | sIP_TeminateCal [
2 SipCalContiolgls GLMAPS_1_714522182-5026-52163192 168 1 | Send_Fle-Stated  SIP_TeminatsCall | Pass
3 SipCalContiol gls GL-MAPS_1_714522184-5062-3432@152 1681 I Send_File-Stated  5IP_TeminateCall J Pass
4 SipCalContiol gls GL-MAPS_1_714522183-5034-1068@152 1681 I Send_File-Started SIP_TerminateCall ] Pass =
5 SipCalContiol gls GL-MAPS_1_714522183-5041-3632@152 1681 ] Send_File-Started SIF‘__TelmmateEaM Pass i
[ SipCalContiol gls GL-MARS_1_714522183-6040-1352@152 1681 I Send_File-Started SIF__TElmmateEaHj Pass
7 SipCallConbiol gls GL-MAPS_1_714522184-6055-1812@192.162.1 | | Send_FileStated _ SIP_TeminateCall | Pass
g SipCallConbiol gls GL-MAPS_1_714522183-6050-5216@192.168.1 | | Send_FileStated _ SIP_TeminateCall | Pass
q SipCallContiol gls GL-MAPS_1_714522184-5067-3432@192.168.1 | | Send_File-Statted eminateCall | Fass
10 SipCallConbiolols GL-MAPS 1 714522183-6054-1083@192.163.1 | Send FileStated  SIP TeminateCall | Fass G
< ] >
Add Delete Insert Refresh Start All Stop Stop Al Abort Abort All
Save Column width =]
INVITE =ip:0001@192_168.1.143 5IB/2.0 ~
MaPs out 'Via: SIE/2.0/UDP 132Z.165.1.141:5060;branch=z3hC4bK_1_714522183-5031-1812
i TNVITE. o Max-Forvards: 70
8 m : INVITE,BYE, CANCEL, ACK, INFC, CPTIONS, SUBSCRIBE, NOTIFY, REFER, REGISTER
00T 001@192.168.1.141>;Tag=Fromlag_L_714522183-5026-1812
P ving 55215025000 To: 0001 <sip:-00018192.168.1.143>
Call-ID: GL-MAPS 1 714522183-5030-1812@152.168.1.141
4 180 Ringing 5:52:15.023000 |CSeq: 1 INVITE o
Contact: 0010 <sip:0001@192.168.1.141>
200 0K Content-Type: spplication/sdp
4 5:52:15.045000 Content-Length: 246
ALk 5:52:15.046000 ey
c=0001 33252928 33852928 IN ID4 192.168.1.141
==SIF Call
e=IN IP4 192.168.1.141
w=0 0
m=audio 1086 RTP/AVE 0 & 101
a=rtpmap:0 DCMU/8000 -
< m >
Scipts )\hmge Sa;n-x/( Event Corfig )\ Script Flow

© GL Communications Inc.
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Supported Protocol Standards

Supported Protocols

SIP

SIP Extensions

Secure Real-time
Transport Protocol (SRTP)

Fax (T.38)

Message Session Relay
Protocol (MSRP)

Audio / Video sDP
Codecs MSRP

S
o SRTP
™

RTP SIP

TLS
uDP S— SCTP
Internet Protocol (IPv4, IPv6)

Physical Layer

Standard / Specification Used

RFC 3261
RFC 3262 — Reliability of Provisional Responses in the Session Initiation Protocol (SIP)
RFC 3311 — The Session Initiation Protocol (SIP) UPDATE Method

RFC 3455 — Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3rd
-Generation Partnership Project (3GPP)

RFC 3515 — Session Initiation Protocol (SIP) Refer Method
RFC 3310 — HTTP/SIP Digest Authentication Using Authentication and Key Agreement (AKA)

RFC 3263 — Session Initiation Protocol (SIP): Locating SIP Servers

RFC 3711, Secure Real-time Transport Protocol (SRTP)
RFC 3551, Standard 65, RTP Profile for Audio and Video Conferences with Minimal Control
AES_CM_128 HMAC_SHA1 80 and AES_CM_128 HMAC_SHA1_32 — SRTP Algorithm

V.34,V.21,V.27,V.29,V.8 and V.17
2400 bps to 33600 bps

RFC 4975 — Message Session Relay Protocol (MSRP)

© GL Communications Inc.
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Buyer’s Guide

Item No Product Description

PKS120 MAPS™ S|P

PKS121 MAPS™ SIP Conformance Test Suite (Test Scripts)
PKS170 MAPS™ CLI

PKS112 Message Session Relay Protocol for MAPS™ SIP
PKS102 RTP Soft Core for RTP Traffic Generation
PKS108 RTP Voice Quality Measurements

PKS106 RTP Video Traffic Generation

PKS109 MAPS™ High Density RTP Generator

PKS211 T.38 Fax Simulation over UDPTL

PKS200 RTP Pass Through Fax Emulation, requires one of the licenses below, (w/dongle)
PKS202 2 Fax Ports, RO

PKS203 8 Fax Ports, RO

PKS204 30 Fax Ports, RO

PKS205 60 Fax Ports, RO

PKS206 120 Fax Ports, RO

PCD103 AMR codec for MAPS™

PCD104 EVRC codec for MAPS™

PCD105 EVR_B codec for MAPS™

PCD106 EVR_C codec for MAPS™

PCD108 EVS codec for MAPS™

PCD109 OPUS codec for MAPS™

Note: PCs which include GL hardware/software require Intel or AMD processors for compliance.

For more information, refer to MAPS™ SIP Protocol Emulator webpage.

For more information on MAPS™ products, refer to Signaling and Traffic Simulation Solutions for Telecom Networks webpage.

O GL Communications Inc.

818 West Diamond Avenue - Third Floor, Gaithersburg, MD 20878, U.S.A
(Web) www.gl.com - (V) +1-301-670-4784 (F) +1-301-670-9187 - (E-Mail) info@gl.com
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