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Overview

GL’s MAPS™ ED137 Telephone (PKS119) can emulate Telephone interfaces for Ground-to-Ground calls at Controller Working Position
(CWP) endpoints as per ED-137/2B and ED-137/2C versions, as defined under EUROCAE (European Organization for Civil Aviation
Equipment) standards. The software not only provides complete control over call scenarios to be tested, but also the ability to
customize the network parameters for signaling and VolP traffic. It has the capability of generating more than 500 simultaneous calls
on a core i7 systems.

The product supports transmission and detection of various RTP audio traffic such as real-time audio, voice file, digits, single tone and
dual tones. The MAPS™ profile editor feature allows users to easily configure multiple CWPs profiles, allowing to emulate multiple CWP
entities.

GL tools for signaling emulation and voice quality testing offer an end-to-end test solution for testing connections from the radio
interfaces to the CWP and recording voice communications in the ATM network. GL’s Air Traffic Management Solution also includes
MAPS™ ED137 Recorder Emulators and MAPS™ ED137 Radio Emulators.

MAPS™ ED137 Telephone supports below addendums optionally.

e Addendum 2: FAA Legacy Telephone Interworking
e Addendum 4: Override Call
e Addendum 5: Voice Call

Application is also enhanced to support additional call scenarios such as Call Pick-up, Preset Conference call and Broadcast conference
call.

For more information, refer to MAPS™ ED137 Telephone Emulator webpage.
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Main Features

Supports ED-137 2B/ ED137 2C and Change 1 standards

Validated against latest VOTER version

Supports calls over IPV4, IPv6, TCP and UDP

Supports all SIP Methods, Headers and Mandatory /Optional SDP attributes as per ED-137/2B and ED-137/2C
Supported call types for ED-137/2B and ED-137/2C includes —

— Instantaneous Access (IA)

— Priority Direct/Indirect Access (DA/IDA)

— Routine Tactical Direct/Indirect Access

— Routine Strategic Direct/Indirect Access

— Routine General Purpose Direct/Indirect Access

— Position Monitoring Call (Combined A/G and G/G, A/G only, and G/G only)
— Meet Me

Supports additional call scenarios such as Call Hold, Attended Call Transfer, Unattended Call Transfer, Call Pick-Up, Preset
Conference, Broadcast Conference, Call Intrusion and more.

Signaling and Traffic Emulation

Enhanced to support multiple CWP endpoints emulation

Portable, easy to configure and use during in-the-field installation, system configuration/ test and commissioning

Supported call types include Instantaneous Access, Priority Direct/Indirect Access, Routine Tactical Direct/Indirect Access,
Routine Strategic Direct/Indirect Access, Routine General Purpose Direct/Indirect Access, and Position Monitoring (Combined A/
G and G/G, A/G only, and G/G only) call

Depicts easy to understand Call Flow Graphs of SIP message exchanges and Displays Message contents (SIP headers and SDP
attributes)

Allows call rejection through use of SIP response codes (4xx, 5xx, 6xx)

Supports multiple Profiles (Users/End points) from single node

Supports hundreds of simultaneous calls and load generation can be automated completely along with traffic

Allows to define DSCP (Differentiated Service Code Point) values for signaling and voice traffic

Supports complete customization of SDP and SIP headers, call flow, and messages

Supports both UDP and TCP (IPv4 and IPv6)

Handles Re-transmissions of messages with specific interval

Supports User authentication with Proxy, Registrar servers

Supports IP address spoofing for each endpoint to generate call using different IP address from a single system

Supports OPTIONS PING feature used to check the connection status

Traffic

Supports various traffic actions on the call such as Playback to Speaker, Send and Record audio file, Generate and detect inband
digits, single tone and dual tone

Supports ED-137 defined codecs - G.711 (mu-Law and A-Law) and G.729

Supports User-defined and automated traffic actions on the call

Applies impairments to the traffic such as Packet Loss, Latency, Duplicate and Out of sequence

Provides aggregated voice quality statistics such as MOS/R-Factor, Packet Loss, Duplicate and out of sequence packets

Command Line Interface (CLI)

Supports client-server functionality requires additional license; supports Python APIs

Applications

On field testing and troubleshooting by technicians

In-the-field installation, system configuration and commissioning
Functionality testing of nodes in next generation VolP ATM

Load testing and background traffic generation

© GL Communications Inc.



Page 3

MAPS™ ED137 Telephone User Cases

Scenario 1: MAPS™ acting as CWP1 to test another CWP
MAPS™ ED137 can be configured to generate/receive Telephone calls to another CWP.

B «» tiiesy

MAPS CWP CWP (DUT)

Scenario 2: MAPS™ acting as CWP2 to test another CWP
MAPS™ ED137 can be configured to receive Telephone calls (DA /IDA) from another CWP.

CWP (DUT) MAPS CWP
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 message flow between the configured entities are displayed in sequence. The message decodes for any particular selected
message in the flow is also displayed, refer to the image below.

Once call is established between the two terminals messages are exchanged between the terminals.

The Event options on the window allows users to manually start/stop traffic, impair the traffic, transfer call, and playback the call using
Speaker On option.

B Coefigurtions Emulstor Reports Editor Debug Tools ‘Windows  Help HEE
FEEIEYTLEEE T EEY )
D ~HBE . B |[dal

SrNo - Script Name Frofile Call Info Script Execution Status Events E Result Total Compl A
1 SipRegistrationControl gls Cw/POO0T Start Hane Unknown 1 i
2 SipCallContral.gls Ch P 00024E192.168.1.37 Jstep | Send_Silence_Stated TeminateCal Pass 1 0 =
I : s L0 01 - TemninateCal | NN G T
4 SipCallControl.gls CwPO002 Start Mone Unknown 1 1]
[} SipCallContral.gls Cl/PO002 Start Mone Unknown 1 a
E SipCallContral.gls Cl/PO004 Start Mone: Unknown 1 o v
add || Delete || Insert | |Refresh Start | Start all stop | | Stop Al Abort | | Abort Al Blind Receive i Speaker
Tenelir Relnvite Traffic OnHold | SendTraffic | Impair ol
Save Colmn width  —{ [ [] Show Latest
Find
MAPS put
INVITE =ip:000Z@192.168.1.37 SIF/Z.0 ~
Via: SIP/2.0/UDP 192.168.1.36:5080;branch=z9hG4bK_4_261937163-7778-7272
Max-Forwards: 70
Routine Stategic Direct/indirect Access Call 53103 728000 lillow: INVITE,EYE,CANCEL,ACK, INFO,0DTIONS, SUESCRIBE,NOTIFY, REFER, RECISTER
[ From: 0001 <sip:0001@192.168.1.36> ;tag=FronTay 1 261937163-7775-7272
100 Trying To: 0002 <sip:0002Z@l92. 1881 37=
4 g
b 19:31:04.196000 Call-ID: GL-MAPS 3 _261337163-7777-7272B132.168.1.36
180 Ringing C8eq: 1 INVITE
4 19:31:04.199000 Contact: 000l <sip:000LALSZ.168.1.36
. Content-Type: application/sdp =
CallsetUpTime: 471msec | 531.04.139000 Prioricy: nermal
Subject: DA/IDA call
4 200 0K 19-31-04.203000 UGE7-Version: phone.0l
Content-Length: 245
ALK
19:31:04.209000 -
w=0
File Transmitted :: VoiceFiles\S end\G 7234 N vijaw. gl 0=0001 338520938 33852938 IN IP4 152.168.1.36
I b:31:10.244000 ate ot
c=IN IF¢ 192.168.1.36
t=0 0
m=audie 23072 RTP/AVP lg 101
a=rtpmap: 18 G729/8000
& o 3 |||a=fucp: 18 amexbene "

"\ Seipts ), Message Sequence { Event Config ), Scrpl Flow /|

@ Initialisation Errors | @ Error Events | @ Captured Errors | @ Link Status Up=0Down=0 |.:E
———— — —

Figure: MAPS™ CWP Emulating Telephone DA/IDA Call
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This feature allows loading profile to edit the values of the variables using GUI, replacing the original value of the variables in the
message template. An XML file defines a set of multiple profiles with varying parameter values that allow users to configure call

instances in call generation and to receive calls.

Unlimited number of user profiles can be created with call control and traffic parameters where each profile can emulate a CWP

Telephone call.

Supported call types includes -

¢ Instantaneous Access, Priority Direct/Indirect Access

e Routine Tactical Direct/Indirect Access
e Routine Strategic Direct/Indirect Access

e Routine General Purpose Direct/Indirect Access
e Position Monitoring (Combined A/G and G/G, A/G only, and G/G only) Call

IP spoofing feature allows to create multiple CWPs to be emulated using unique IP address from a single system.

L

=

Insert Delete Clear |

H=l Subscriber Motifier Parameters

Subscribe Event Type

H=l User Authentication Parameters

Sip User Name
Sip User Password
Nence

Call Rejection Options

Call Rejection for Auto Answer Calls
Autoe Failure Option

Request Failures

Server Failures

Global Failures

~  Transfer To
Codec Options and Traffic Configuration
— Codec Options
~  Traffic Type
—  Traffic Profile Name
~  User Defined Traffic Action
—  Traffic Direction
= Impairment Type
~ Impairment Profile
L=l Custern Profile Settings
t Profile Group
User Profile Name

MAPS CWP (SIP ED-137B Volume 2 Telephone Telephone) - [Profile Editor -ED137_Telephone CWP_Profiles] — O x
|8 Configurations Emulator Reports Editor Debug Tools Windows Help - 8 %
Q5 & ) 9
HE . 9
# | Profiles (Edit-F2) Config Value ~ | ||¥ Enable
1 CWP00D1 (=) CWPODD1
~  IP Address Type 1Pvd
H=l Apply DiffServ Code Point
t DSCP for Signalling AR
DSCP for Voice EF
H=) Call Parameters
~ Transport upp
 Contact Address 0001 @192.168.12.78
~  Address Of Record 0001@192.168.12.78
To Address 0001@192.168.12.74
—  Outbound Proxy Address
~  Subnet Mask 255.255.255.0
H=) Display Mame
|: Frem or Contact Display Mame 0001
To Display Name 0001
H=l SDP Parameters
RTP IP Address 192.168.12.78
E RTP Port 6000
Packetization time in msec 20
H=l EDM37
L Call Type Instantaneous Access Call

conference

testuser
t3sting
0000000

Disable

4xx-Request Failures
410 Gone

513 Message Too Large
603 Decline
0002@192.168.12.78

PCMA

User Defined Traffic
Profiled001

File

TOnly

Nene

Profile0001

CustomSpecific_Profiles.xml
Profile0001

@ |Initialisation Errors

|
v Properties

@ Error Events @ Captured Errors

Figure: CWP Telephone Call Profiles
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MAPS™ ED-137 Telephone Addendums

EUROCAE ED-137C Volume 2 specification describes basic requirements to establish, terminate, and modify speech media sessions of
the Ground Telephone Service in an Air Traffic Services Ground Voice Network (AGVN). Along with the basic requirement, it also
describes specific call functionalities through number of addendums. GL's MAPS ED-137 Telephone is now compliant with addendum

2, addendum 4 and addendum 5 specifications.Support for addendums are optional.

Addendum 2: FAA Legacy Telephone Interworking

Addendum 2 describes the provisions for the FAA Legacy Telephone Interworking, and translation between SIP endpoint(s) and an
analog trunk interface to a legacy FAA VCS. The signaling translation between the SIP endpoints and the analog trunk is provided via a
gateway. It details the interaction between the analog trunk and the SIP endpoint(s) for five FAA Legacy G/G call types. The supported
call types are:

e Legacy Dial-Selective DA/IDA Call
e Legacy Selective Signaling DA/IDA Call
e Legacy Non-Selective DA/IDA Call
e Legacy Voice Call
e Legacy Override (OVR) Call
The below scenario shows emulation of FAA Legacy Dial-Selective DA/IDA call.

E MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] —= X
% Configurations Emulator Reports Editor Debug Tools Windows Help -8 x
RELSBRBE CE|66ls 9
HE G B |52
SrNo ‘ Scfipt Narne ‘ Profile ‘ Call Info ‘ Script Execution ‘ Status Evenits ‘ Evenits Profile | Resuft |T01a\ Iterations ‘ Completed Iterations
1 Start | None | uni
Start I Call Terminated None |
< >

Add Delete ‘ Insert ‘ Refreshl

Save

Start | start Al | | stopal |+

[ ort 1] | | | | | |

Column Width —— |——— T Show Latest

000A@192168.12.208 000B@192168.12218 Find
HITE 3651 62900 ste/2.0 200 ox
Via: SIE/2.0/UDP 152.168.12.208:5060;branch=z0hG4bR-5-1677213520-14742-15472
pione 30007 02 3548 legacy d 3651 6360t From: 000A <sip:000AE1S2.168.12.2085;tag=FromTag-2-1677213520-14739-19472
To: 000B <sip:000BE1S2.168.12.218>;tag=ToTag-4-1677214523-27376-16368
[HVITE 366216000 Call-Ip: GL-MAPS-4-1€77213920-14741-15472
cseq: 1 INVITE
Wb 36152 2050 contact: 0008 <sip:000BE152.168.12.218>
¢ 180 Ringing 3650 27600 allow: INVITE,BYE, CANCEL,ACK, INFO, OPTIONS , SUBSCRIBE, NOTIFY, REFER, REGISTER, UPDATE
CallSetlIpTime: B41msec 3652 2770t
Bl 36:52.27700
Tsi e
o 36,62 8470t #G67-CallType: phone.addl
MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] -
—— %% Configurations Emulator Reports Editor Debug Tools Windows Help -
Z I N =
—HFHss BN ¥ sle s 9
H R B [&
‘ Srio ‘ Setipt Name ‘ Profile ‘ Call Info | Seript Execution ‘ Status Events ‘ Events Profile ‘ Result ‘ Total Iterations ‘ Completed Iterations
1 Start | None
Start I rrinated None
<
Sorpls , Message:
< >
Add | Delete | Insert | Refresh | Start | StartAll | | stop il |~ | Abort Al ‘ ‘ ‘ ‘ ‘ ‘
Save Column Width —— |——— [ Show Latest
000A@192.168.12 208 000B@192.16812218
LA 3651 6200(
phone add(? 02 faa legacy dt 3651 63600
ILATE 36:52.1600(
200 Tning 36:52.2060(
180 Ringing 3652 2760
CallSetlIpTime 641msec 36:52.27700 Digits Transmitted :: 00O
foL 1K 8655227701
fere 365234701
Digits Transmitted ~ 000 1365316100
B 3755185100
G orX 375193300
< >
Seipts ), Message Sequence | EventCorfig ), Scrnt Fow
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Addendum 4: Override Call

Addendum 4 describes the requirements for Override Calls. The Override Call Type is supplemental to the core ED-137C Volume 2 and
meant to interact with other call types and features of the core volume; therefore, all applicable requirements established in the core
ED-137C: Volume 2 apply to the Override Call Type. The Override Call Type will provide transmit and receive audio from various call
types and as such, will create scenarios where Loop Closure and Echo are to be detected and mitigated. The supported call types are:

e QOverride Call
e MD Override Call

The below scenario shows call emulation of Override call.

MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] — X
% Configurations Emulator Reports Editor Debug Tools Windows Help - 8 X
) PSS
QB BEH YY ss 5280
L1 B B |[£a
| SrNo | Script Name | Profile | Call Info | Script Execution I Status I Events | Events Profile | Result | Total Iterations | Completed Iterations
SipRegistrationControl gls Start None Unknown 1 0
, o o ose ; oSt = S O A R
< >
Add Delete | Insert Refresh Start Start All Stop  v| Stop Al |» Abort | Abort All i Receive Send i Speaker
| | | | | | | | | | Relnvite Traffic On Hold Traffic Impair ON
Sare |  ColumnWidth —— [——— [~ Show Latest
000A@1982.168.12208 000B@192.168.12.218 I Firg) |
sirviss B UL L TG .0 N
[via: $IP/2.0/UDP 192.163.12.208:5060; 15158072 776
btz AL sosds 46:48.7850( Mex-Foruazds: 70
TOONT, [Allow: INVITE,BYE, CANCEL, ACK, INFO, OPTIONS, SUBSCRIBE, NOTIFY, REFER, REGISTER, UPDATE
LN 46:48 8150 From: 0002 <sip:000RA@192.168.12.208>;tag=FromTag-1-1515807218-28001-32776
000K To: 0008 <s1p:00080192.168.12.218>
46:48.81900 Call-ID: GL-MAPS-3-1515807218-28003-32776
CalSetlipTime’ 37masc supported: 100rel
46:48.82301 cseq: 1 mvrTE
CK 464882800 Contact: 000A <sip:000A@L92.168.12.208>
Content-Type: application/sdp
WGE7-Version: phone.add04.02
subject: OVR call
Priority: urgent
[WGE7-CallType: phone.add04.02;override
Content-Lengeh: 302
v=0
0=000R 31060627 1 IN IP4 192.1€8.12.208
P call
P4 192.168.12.208
=0 0
m=audioc 15148 RTP/AVE 8 0 18 101
a=rtpmap:8 PCMR/8000
pmap:0 PGMU/8000
pmap:18 G726/8000
tp:18 annexb=no
pmap: 101 telephone-event/8000
a=fmtp:101 0-15
a=ptime:20
nd;
< > v
Scipts ), Message Sequence ( Event Corfig >\ Scrpt Flow
The below scenario shows call emulation of MD Override call.

MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] - X
%; Configurations Emulator Reports Editor Debug Tools Windows Help - & x
PRI MIEE IR RN
Ly i EH B3 B [

SrNo | Script Name: | Profile | Call Info | Script Execution Status | Events Events Profile | Result | Total Iterations | Completed Iterations
1 SipRegistrationControl gls Start Nane Unknown 1 0
2 SipSubscribeControl gis CWwP0001 CGProtScriptid-10-1516728031-28052-13492 Start UnSubscribed None Pass 1 1
0 0 >168.12 nnected InfoSid
>
Add Delete | Insert | Refresh Start Start All Stop |v| Stop All |v| Abort | Abort All " Receive Send q Speaker
| | | | | | | | | ‘ | Relnvite Traffic On Hold Traffic Impair ON
Save | Colmnwidth —— ——— T~ Show Latest
000A@192.168.12208 000B@192.168.12.218 Firel
INVITE 02-16.84000 s18/2.0 200 OX
[via: SIP/2.0/UDP 192.188.12.208:5060; 11-15167383 776
phone addd4 02 md override 021884100 From: 000 <3ip:000ARLSZ.168.12.208%; Cag=FromTag-s-1516735314-25063-32776
To: 0005 <s1p:000BE152.168.12.218>; tag=ToTag-9-1516735359-24291-12976
100 Trving 0216.85001 Call-ID: GL-MAPS-10-1516735314-28065-32776
cSeq: 1 mwWITE
Contact: 0008 <s1p:000B@182.168.12.218>
[Rllow: INVITE,BYE,CANCEL, ACK, INFO, OPTIONS, SUBSCRIBE, NOTIFY, REFER, REGISIER, UPDATE
CalSetlipTime’ 14msec 0216 85400 supported: loorel
‘ | Content-Type: applicszion/sdp
i CE W 02:16.85501 Erioricy: urgent
Subject: OVR call
[FMG67-Version: phone.addo4.02
[WGE7-CallType: phone.add04.02;md override
Content-Length: 231
05 36099530 1 IN IP4 192.168.12.21%
Ca11
Ips 182.162.12.218
=0 0
m-audio 30986 RTE/AVE 8 101
a=rcpmap:s PCMA/2000
pmap:101 telephone-event/8000
a=fmtp:101 0-15
a=prime:20
narecy
000
< >

Seipts ), Message Sequence ( Event Corfig >\ Script Flow
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Addendum 5: Voice Call

The Voice call type is supplemental to the core ED-137C Volume 2; therefore, all requirements established in the core ED-137C:
Volume 2 apply to the Voice call type unless otherwise specified or superseded. The Voice call type is intended to act as a modified
DA/IDA call that forms a new call type to satisfy implementation specific requirements. The Voice call type is initiated as a DA/IDA call.
However, upon initiation the Voice call provides an immediate Voice page from the calling to the called user, replacing ringing tones.
The called party of a Voice call answers in the same way as a DA/IDA call and once active, the Voice call is maintained similarly as well.

The supported call types are:

e SD Voice Call
e MD Voice Call

The below scenario shows call emulation of SD Voice call.

MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault]

= X
% Configurations Emulator Reports Editor Debug Tools Windows Help - & x
QE s vBR Y slsc|f L@
|=H B I
| SrNo \ Script Name | Profile | Call Info | Script Execution | Status | Events | Events Profile ] Result |To(a\ Iterations ‘ Completed Iterations
1 SipRegistrationControl gls CGProtScriptid-4-1453639567-27728-27264 | Start | None | Unknown 1 1
SipCallControl.gls 0001 0 8.12.218 Start I Call Terminated el | Pass [ 1 | 1 |
< >
Add | Delete | Insert | Refresh | start | startal| sico | stopAll[v| bt |abort Al F— | | 5 | @ l | Specke |
Save | CoumnWidth —— [——— [~ ShowLatest
000A@192.168.12 208 000B@192.168.12218 [ Eind
INVITE sip:000Be152.168.12.218 SIP/2.0
via: s12/2.0/UDP 152.1¢8.12. ass: 2
phane add0f 02:voice 56:45.0440( skt O T e
100 Tring 56:45.0560( mo"o008 sipibooserss ace 13 zin s
(Ca1-1D: GL-MAPS-16-1485201832-27845-588
00 0K 56:45.0570( suppozted: 100ze1
G cseq: 1 mITz
CallSetlipTime' 14masc 564505801 (Contact: 000 <sip:000AGLS2.1€3.12.208>
i (Contenc-Type: application/sdp
ACK 56:45.0590( mojeheen
aice Call' Ringing State 56-45.0590(
« RART 56:45.5300¢
=0
et 56:45 58200 lo=000a 31445338 1 T T4 152.168.12.208
s=sIp Call
LI 56:45 5920t = 184 152.168.12.208
=0 0
‘oice Call' In-lse State '56:45 59200 ::\::;:;:s;;;%ﬁ: 8018 101
CalSetlpTime’ 12maee 5645 5930( e oot
ACK 56:45.6090( ciimip: 151 Satobionssavecit /606
a=gmep:101 0-15
BrE 56:49.9490( spmine:20
la=sendonly
e 56:49.9550(
< >
Scrpts )\ WWK Event Corfig >\ Scipt Flow
The below scenario shows call emulation of MD Voice call.
MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephane) - [Call Generation - CallGenDefault] X
[, Configurations Emulator Reports Editor Debug Tools Windows Help -8 x
FEET T EE IR A
/e BT 8 |[dn
Sr No | Script Name | Profile | Call Info | Sceript Execution | Status Events Events Profile | Result | Total Iterations | Completed Iterations
1 SipRegistrationControl.gls Start Mone Unknown 1 0
2 SipSubscribeControl.gls CWP0001 CiG ProtScriptld-10-1616729081-28062-13492 Start UnSubscribed None
00 0 8.1 [ stop R p Info |
<
Add Delete | Insert Refresh Start Start All Stop ¥ | Stop All |» Abort | Abort All " Receive Send . Speaker
| | | | | | | | | | Relnvite Traffic On Hold Traffic Impair ON
[ save | Columnwidth —— f——— T Show Latest
000A@192.168.12.208 000B@192.168.12.218 | Find I
- X
phone 2dd0f (12md voice 49:09.7490¢ vards: 70
(Allow: INVITE,BYE,CANCEL,ACK, INFO, OPTIONS, SUBSCRIBE,NOTIFY, REFER, REGISTER, UPDATE
100 Trying 49:29 76001 From: 000R 162.165.12.208>; 13-15 107-25720
00 K To: 000B <sip:000B@L92.168.12.218>
49:28 76301 Call-Ip: GL-MAPS-15-1518568285-28108-25720
CallSatl InTi 15 Supported: 100zel
A i o 49:29.7640¢ CSeq: 1 INVITE
(CK 4929 76501 Contact: 000A <sip:000A@192.168.12.208>
Content-Type: application/sdp
phone. add05
v=0
o=000A 33825206 1 IN P4 192.168.12.208
s=SIP Call
c=In 1p4 192.168.12.208
t=0 0
m=audio 18370 RTR/AVE 8 0 18 101
tpmap:§ PCUA/S000
tpmap:0 PCMU/8000
tpmap:18 G729/8000
mtp: 18 annexb=no
tpmap: 101 telephone-event/8000
a=fmtp: 101 0-15
a=ptime:20
< > ||e=sendzecy v
Scripts. Message Sequence Event Config >\ ‘Script Flow
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Additional Call Features

MAPS™ ED137 Telephone supports below listed additional call features:

e Call Pickup

e Preset Conference

e Broadcast Conference
e Call Intrusion

Call Pickup
The Call Pickup services enables a user not involved in an early dialog to answer calls on behalf of other parties and may apply to
Routine Direct/Indirect Access Calls. The party wishing to pick up the call sends a SUBSCRIBE to the remote entity to retrieve the dialog

information. In addition, the party wishing to pick up an early dialog sends an INVITE with a Replaces Header to the calling party.

MAPS (Mzssage Automation Protccol Simulation) CWP (SIF ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGen! =
Zg.gonfigura(iors Emulator Reports Editor Debug Tools Windows Help
T 555 8BR Y 308 2L

HE . T

SrNo Scnpt Name Frotie | Execumon Eyents Events Fofile Resuit lotal Iterahons e
Start
<
Add | Delete | insert | Refresh | start | startan | |+ stopan |+ Abort Al ‘ I ' l I
Sae | Cowmnwiah —— j——— [ Show Latest
000C@192.163 12101 00CB@°'92.1681.210
/2.0 |
-101:5060;: branch=25hG4bK-4-EE056252-0414-6864
1631600 Max-Forwards: 70
100 Teany £3:1€.83E0( AL1lOW: LNVLITE,BYE, CANCEL, ACK, INFU, OFILUNS, SUBSURIBE, NUTLEY  REFSR, REGISTER, UPDATE
oo 0C <sip:000C@1 168. 101>; tag=From?ag-1 59892-9431-6864
180 Finging $3.1€.3420( 008 <sir:000BA: -
E i 15 34200 Call ID: GL NAPS 3 660898
7 . Supported: 100rel
e 53.1€ 3500( CSez: 1 INVITE|
ACK 50:1€ ABEO0C ct: (00C <sip:000C@192.158.12.101>
fE P53:15 61E0r
< i 53:1€ 82501
- phone N7:da/ida rall
MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Reception] -
% Configurations Emulstor Reports Editor DebugTools Windows Help -
P . | A rn e e n
T EEE Y P TR
SiMo | Seript Name: | Profile | Call Info | Script Execution Status | Events Events Profile | Results |
1 SipCallControl. gls CwPOno1 000AE192.168.1.31 Completed Call Terminated Mone Pass
2 SipCallPickupCantrolgls  Cw/PODOT oooCE19z 16812101 Completed Awaiting Unsubscribe MHone Pass
3 SipCallPickupControlgls — CWPOD01 000AET92.168.1.31 Completed UnSubscribed Mone Fail
6312 101 [
<
[ swp | stopan [ abort [ abortall | ¥ snowRecords [ SelectActve Call [ AutoTrash  Trash | Buttord0 | Buttond | Buttond | Button? | Buttens | Buttons
Save | Coumn'width —F———— T Show Latest
~ Find |
000&@ET92168.1.27 000BE192.168.1.210 OoDC@E182.188.121M
RS ERIRE NOTIFY sip:000A@LS2.1€8.1.31 SIB/2.0 -
15:52:54.867000 Via: SIP/2.0/UDP 152.1€8.1.210:50€0;branch=z3hC4bE-10-5382€8067-14659-10!
From: 0 <sip:000R@192.168.1.31%;tag=ToTag-4-538268057-14651-10568
200 0k - - ;tag= -a- —445-
d To: 0002 <sip:000A@LS2.168.1.31>;tag=FromTag-2-538267535-445-11804
[ TRy Contact: 0 <sip:000BELS2.165.1.210%>
NOTIFY CSeqg: 1 NOTIFY
L
* 15:52:54.884000 Call-ID: CL-MAPS-1-5382€7535-448-11804@152 163 1.31
200 0K Max-Forwards: 70
15:52:54.896000 Allow: INVITE,BYE,CANCEL,ACH, INFO, ODTIONS, SUBSCRIBE, NOTIFY, REFER, REGISTE!
INVITE Subscription-State: active;expires=e0
4 15:53:17.342000 Event: dialog
. Content-Type: application/dialog-infotxml
phone 02.da/ida call 15:53:17.349000 WEET-Version: phone.02
o Subject: DR/IDA call
o0 T ~ :
ving 15:5317.953000 Content-Length: €62
180 Ringing <?xml version="1.0"23
15:53:17.360000 <dialog-info xml urn:ietf:params:xml:ns:dialog-info"
version="0" state="full" entity="sip:000BE15Z.168.1.210">
I <dialog id="954592014524" call-id="GL-MAPS-3-€€055892-3433-£864"
local-tag="ToTag-7-5352€8067-14€56-10568" remote-tag="FromTag-1l-i
CallSetlpTime: 18msec 15:53:17.964000 <duration*l</duration>
<local>
200 Ok 15,53:17.370000 <identity display="0001">sip:000BEL92 168 1 210</identity>
- . <target>sip:000B@152.15.1.210</target> v
Ak cereene
< > < >
Scripts }.Message&tpence/( Event Config >\ Seript Flow /
@ Initialisation Errors | @ ErrorEvents | @ Captured Errors | @ Link Status Up=0 Down=0
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Additional Call Features

Preset Conference
A Preset Conference call is a Conference call type used to contact all other members assigned to a specific call. The initiating member
of a Preset Conference call establishes contact with the call Focus with the intent of contacting the remaining members, via

communication with the Focus. The dedicated script i.e. SipPresetCallControl.gls is used to emulate Preset Conference call.

IMAPS (Message Automation Protocel Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] -
|§&, Configurations  Emulator Reports  Editor DebugTools Windows Help -
=7 1 s S N n
QFBssRBR Y[k s]E L0
[ =]
U e W H S Bl
SrMNo | Script Name Prrofile: Call Info Script Execution Status Events Everts Profle | Result Total Iterations | Completed lte.
s SipCall_UnSubscrive | 0]
2 SipCalContiol.gls Cw/FPO001 Start Mone Unknown 1 1)
2 GinC =kl s Shart | Mo | 1k rrusn 1 n
add | Delete | mnsert | Refresh | ctarc | startal| St w| stepal fw| aAbort |Aborta cetrwite || 222 | onpme | Send e
raffic Traffic oM
Save |  Coumnwidth — b———— [ Show Latest
Find
0004132 168.1.31 000BG2192168.1.210 i
SUBSCRIBE sip:000B@1%2.1€8.1.210 SIP/2.0
_ ram: 0008 cein.000MELe3 160 1 30n, e T EoTo20 0 Set s 02
From: 000A <sip:000A@152.1€2.1.321%;tag=FromTag-7-€07525470-5551-15520
SUBSCRIBE g ITo: 000B <sip:000B@LSZ.168.1.210%
TR (Contact: 000R <sip:000A@LS2.166.1 31;ismembers
200 Ok ICSeq: 1 SUBSCRIEE
11:13:51 565000 |Call-ID: GL-MAPS-€-€07925470-9550-15920@192.1€3.1.31
Max-Forwards: 70
HUTIEr 11:13:51. 674000 Expires: €0
200 0K [Event: conference
11:13:51.647000 [Accept: application/conference-infotaml
[WG€7-Version: phone.02
2000k 11:12:51.647000 cenzent-Lengeh: O
NOTIFY
11:13:51.647000
200 0K
11:13:51.648000
< >
| Scripts }.Masagemlce/( Event Config >\ Script Flow /
@ Initialisation Errors | & Error Events | & Captured Errors | @ Link Status Up=0 Down=0

MAPS (Message Automation Protecel Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] b
|§a, Configurations  Emulator  Reports  Editor Debug Tools  Windows  Help - o

(NN
® @& 0

QERs B RPN «F % 58]0

1= HHE . iy

SrMo | ScrptName Profile Call Info Script Execution Status Events Events Profile | Result Total lterations | Completed lte:

] 0 2 s ] ]
2 SipCallControl.gls Cw/PO001 Start None Unknown 1 0

3 SipCallControl.gls Start None Unknown 1 1)
Add | Delete | Insert | Refresh | ctarc | startal| stp [w| swpal [w| abort |Abortal rerite | 7€ | on o Tsrear;?c — | Spgilker
Save I Column Width - f—————T Show Latest
" .
SHBSCHIEE 11:23:28.073000 Fird
SUBSCRIBE sip:000B@152.1€2.1.210 SIP/2.0
4 200 0K 11:23:29.087000 (Via: SIP/Z.0/UDP 152.1€28.1.31:50€0,branch=z9%hG4bK-95-€028443842-9€20-17952
From: 000A <sip:00DA@152.1€8.1.31%,tag=FromTag—-7—-€08443809-9€18-17952
NOTIFY : .
Ll To: O00B <sip:000B@ELS2.1€2.1.210>
Il 11:23:23.091000 Contact: 000R <sip:000R@192.168.1_31;ismember>
200 0K CSeq: 1 SUBSCRIBE
11:23:23.035000 Call-ID: GL-MAPS—-6-€08443809-9€17-17952@192_168.1_31
200 0K, Max-Forwards: 70
11:23:34.568000 Expires: €0
ALK [Event: conference
4 11:23:34.582000 Zccept: application/conference—infotxml
WCE7-Version: phone. 02
SEBCAIEE 11:24:23.113000 Content-Length: 0
200 0K
4 11:24:29.127000
NOTIFY
4 11:24:29.131000
200 0K
11:24:29.136000
SUBSCRIBE
11:25:29.153000
200 0K
4 11:25:29.165000
NOTIFY
L 11:25:29.171000 v
< >
Scipts ), Message Sequence 4 Evert Config ), Scrpt Flow [
@ Initialisation Errors | @ Eror Events | @ Captured Errors | @ Link Status Up=0 Down=0
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Additional Call Features

Broadcast Conference

A Broadcast Conference call is an ad-hoc Conference call where a calling party can dynamically create a conference and add or remove
other user agents. The execution of a conference is based on RFC 3891 (“Replaces Header”)

Basically, MAPS™ act as a SIP end-point and don’t have FOCUS capability. As a SIP user agent, we can establish a SIP session with
FOCUS and SUBSCRIBE for a Conference event over the same dialog.User Event option is provided within the established dialog to
indicate the FOCUS to Add and Remove conference parties using REFER method. On termination of the call we indicate the Un-
Subscription of Conference event to FOCUS by setting Expires value as 0.

MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault]

— X
%. Configurations Emulator Reports Editor Debug Tools Windows Help - & x
EETENY PR IR D)
)| H @3 g |[&
Call Info Script Execution Status Events Profile Result Total Iterations Completed Iterations
Info
UnAttended_Call_Transfer
Attended_Call_Transfer
< Add_Conference_Party -
TerminateCall
Add | Delete | Insert | Refresh | cixt | statAll| stop w| stopAll [¥| Abort |Abortall Remove Conference Party L | o (— ‘ Speaker |
SipCall_UnSubscribe Traffic ON
Save | Colmnwidth —— [——— [ ShowLatest
100 Trving Al
86:29.3140t Find
150 Binging 36:29.3150( >:000B@192.168.12.218 SIP/
CaliSetlipTime' 1038mssc 36:29 3170( ia: SIP/2.0/UDP 192.168.1
ax-Forwards: 70
o QL 36:29.3170(
CK :36:29.3190( 000B@192.168.12.208>
SUBSCRIEE 36:29.3200( :000A@192.168.12.208]
00/ 0K g From: 000A <sip:000A@192.168.12.208>;tag=FromTag-33-1525986907-28213-.
36:29.8200¢ To: 000B <sip:000B@192.168.12.218>;tag=FromTag-33-1525986907-28213-27:
b 36:29.3210t Call-ID: GL-MAPS-35-1525986907-28215-27284
SUBSCRIBE 36:20.3280( CSeq: 3 REFER
Rl Contact: 000A <sip:000A@192.168.12.208>
:86:29.32900 Subject: DA/IDA call
00 0K 36:20.3290( WG67-Version: phone.02
Content-Length: 0
202 Accepted 36:39.7540(
HEEEL 36:39.7600(
DL 36:39.7610(
LIBSCRIBE 36:50.3350( e
< > < >
; Scripts. )WWK&MM! Script Flow
MAPS (Message Automation Protocol Simulation) CWP (SIP ED-137C Volume 2 Telephone Telephone) - [Call Generation - CallGenDefault] — X
%, Configurations Emulator Reports Editor Debug Tools Windows Help - & %
QFBs38BR Y 66 slE L@
FELIE 8 |[&
Script Name Profile Call Info Script Execution Status Events Events Profile Result Total Iterations Completed Iterations
1
Info
UnAttended_Call_Transfer
Attended_Call_Transfer
Add_Conference_Party
< TerminateCall 2
Add Delete | Insert | Refresh | it | Start All | Stop ¥ | Stop All |v | Abort |Abort All | SPGB id Send Impair Speaker
Remove_Conference Party Traffic ON
Save |  ColumnWidth —— [——— [~ ShowLatest
{1) pted ~
36:39.75401 Find
MOTIES 36:39.7600( REFER sip:000B@192.168.12.218 SIP/2.0
00 OK Via: SIP/2.0/UDP 192.168.12.208:5060;branch=z9hG4bK-43-1526068095-28226-27284
96:89.76101 Max-Forwards: 70
il 365933501 Allow: INVITE,BYE, CANCEL,ACK, INFO, PRACK, OPTIONS, SUBSCRIBE, NOTIFY, REFER, REGISTER, UPDATE
) >
00 0K 36:59.3430(
LIRSCRIRE 36'50.3430( p:0002@192.168.12.208>; tag=FromTag-33-1525986907-28213-27284
JovaK To: 000B <sip:000B@192.168.12.218>;tag=ToTag-55-1525987967-24624-30852
86:59.3440 Call-ID: GL-MAPS-35-1525986907-28215-27284
LIRSCRIRE -37:29.8540( CSeq: 6 REFER
Contact: 000A <sip:000A@192.168.12.208>
— :37:29.3620( subject: DA/IDA call
LIRSCRIRF : WG67-Version: phone.02
e Content-Length: 0
00 0K 37:29.3630(
02 Accepted 37:495770(
 —— 37495770t
e 37:4957901
HLLCEI 37:59.3750( v
< >
Scripts Message Sequence Event Config Script Flow
@ _lInitialisation Error ® Error Events @ Captured Errors | @ Link Status Up=0 Dow
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Additional Call Features

Call Intrusion
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Call Intrusion ensures prompt addressing of priority calls by automatically joining all parties in a conference if the intended recipient is

busy. When encountering a Busy Called UA, priority calls are intruded upon, facilitating immediate communication. Users receive

visual and/or audible notifications before intrusion, maintaining awareness. While users can protect themselves from intrusions, call
protection settings do not prevent priority call intrusions. This feature enhances communication efficiency by prioritizing critical calls,
even in busy scenarios, and provides users with control over their call environment. Basically, MAPS act as a SIP end-point and don’t
have FOCUS capability. As a SIP user agent, we can establish SIP sessions with FOCUS.

[ MaPS CWP (SIP ED-137C Volume 2 Telephone Teleph

- [Call -CallGenDefault]

l‘ﬁ, Configurations  Emulator  Reports  Editor DebuwgTools  ‘Windows  Hel

P
QFLZss @R Y 6 el=

2 990

@

[Cadd | oelets | mnsert | mefresh | | stavan|  stop [w| stopsn fw| abort | abortat| Retrwite | Recee | onpa | 200 Inpor | Pedker
Traiffic Traffic O
Save | CobmnWidh — f——— [ ShowLaest
Fird
000C:E@192.168.12.208 000B@192.168.12.96 !!!
INVITE sip:000BBLS2, 166.12.96 SIP/Z.0
Via: SIP/2.0/UDP 192.168.12.208: 14 15283-21600
Max-Forwards: 70
phone.02:dafida cal._nomal | 110247140000 Allow: INVITE,BYE,CANCEL,ACK,INFO,0PTIONS,SUBSCRIBE,NOTIFY,REFER, RECISTER, UPDATE
: From: DOOC <sip:000CAL9Z.168.1Z. 208> tageFronTag=2-1410558580=15280=21600
100 Tiying To: O0D0E <sip:O000BRLSZ, 168,12, 36>
4 T1:02:47.185000 Call-ID: GL-MAPS-4-1410558580-15262-21600
160 Ringing Supporced: 100rel
4 11:02:47 220000 Cieq: 1 INVITE
. Conzace: D00CE <sip:000CK@LIZ, 168, 12,208+
CalSetlpTime: B2msec | 11.02-47 222000 Content-Type: application/sdp
WCET-Version: phone. 02
200 0K 11:02-54 517000 Subject: DA/IDA call
! e o Priority: nermal
WEE7-CallType: phone.02;da/ida call
11:02:54,610000 Content-Length: 217
INVITE
4 11:03:14,685000 -
phone. 02 dafids call, al 020000 30436896 1 IN TP4 152.168.12.208
MAPS CWP (SIP ED-137C Volume 2 Telephone Telephone] - [Call Reception] X
200 OK
B C Emulator Reports Editor Debug Tools Windows Help - &8 x
Time P s e o I N n
= g5 B sBR Y s L 200
d ACK [SrNo___ [ Script Name [ Profie [ Catinio [ Scipt Execuion [ Status [ Events [ Events Profle | Results |
& 1 SipCallntsionCartol gls Cw PO Completed | Call Cancelled Terminated Hone | Fail
4 4 ScCallrbsionContiol gl TeminsieCat | T
200 0K
|
SUBSCRIBE = =
top Al | Abort | AbortAl | ¥ Show Records I~ Select Active Cal [~ Auto Trash T, Receive Stop Speaker
[ swp | f [ | rash Relrwite Tr.fﬁ;lu"mulnpﬂ'n:ll’"’"[ = |—
————200F | M50 ] Cobmnwigh —F——— I Showlatest
=
< NOTIFY D00C@192,168.12208 00B@19216812% 000A@192168.12 207 |
INVITE sip:000B@152.1€6.12.9€ SIP/2.0
200 OF, Via: SIP/2.0/UDP 152.1€8.12.208:5060;branch=z5hG4bK-5-1410550580-15203~
Max-Forwards: 70
02:da/ida cal._nomal R Allcw: INVITE,BYE,CANCEL,ACK, INFC, OFTIONS, SUBSCRIZE, NOTIFY, REFER, REGIST
< 8 [From: 000C <sip:000C§l92.1€8.12.208>;tag=FromTag-2-1410558580-15280-21¢
- 100 Trying To: 000B <sip:000BELSZ.1€5.12.9¢>
) Scripts ) Message Seme/( Event Corifig )\ 11:00:46.668000 Cal1-1D: GL-MAPS-4-1410558580-162602-21600
180 Ringir Supported: 100zel
oL 11:00:46.681000 CSeq: 1 INVITE
200 0K Concact: 000Cr <sipr000CTEl3z.1€8.12.208>
+ 11:00:54.000000 Content-Type: applicacion/sdp
|[WGE7-Version: phone.02
ek 11:0054.110000 Subject: DA/IDA call
B Pricrity: normal
INVITE ' WGE7-CallType: phone.02dasida call
11:01:04.103000 Content-Length: 217
182 Queued 11:01:04.114000 =y
jo=000C 3049€88€ 1 IN IP4 192.1€8.12.208
4 1NV E 11:01:14.164000 ls=S1P Call
je=IN IP4 152.1€8.12.208
R 11:01:14.176000 e=0 0
fe=audic 22552 RIP/AVP 0 101
200 OK 190114353000 a=ropmap:0 BOHU/$000
S a=rzpmap:101 telephone-event/ /8000
ACK lamgmzp:101 0=18
d |
4 11:01:14.354000 a=ptime:20
» la=sendrecv
183 Intrusion in progress THTHI
4 INED 11:01:14.378000
200K 11:01:14.334000
Eol(es 11:01:14.395000
i 11:01:14.417000
ECHEETEE 110115 477000
2000k 110115 490000
iy T1:01:15.490000
< L T1:01:15.450000
HlIE 11:m-15 &aFnnn
Saun)."nuaguﬁnqmj(huiﬂrﬁg >\ Seript Flow /
@ |Initialisation Emors @ Error Events @ Captured Errors. (] I.mkSnlu;IJE:DDown:D
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RTP Statistics Calculation

Optionally MAPS™ ED137 Telephone 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 lJitter. These statistics are
calculated and updated periodically on run time.

User Defined Statistics - VoiceQualityStats] - O
X Configurations Emulator Reports Editor Debug Tools Windows Help ==
] = . 1 @ i & [ S . C
Q5 He s W% ¢ 560 = L2
H lﬁ! Add Tab | | Delete Tab
Packet Stats
Mame Values ~
Active RTP Sessions 4
Completed RTP Sessions 7
Sessions With Zero Receive Traffic 0
0
MOS Score Stats 0
0
Sessions with Mos (5.0 -4.0) 2 [2&8%%]
Sessions with Mos (4.0 -3.0) 5 [F1%%]
Sessions with Mos (3.0 -2.0) 0 [D%%]
Sessions with Mos { < 2.0 ) 0 [D%%]
0
Total RTF Packet Sent 18475 s
Total RTP Packet Received 18121
0
Packet-loss Stats 0
0
Total Packetioss 7E [D%%]
Sessions with Zero Packet-Loss 2 [2&8%%]
Sessions with Packet-Loss(<1%) 5 [F1%%]
Sessions with Packet-Loss(1% - 5%) 0 [D%%]
Sessions with Packet-Loss(5% - 10%) 0 [D%%]
Sessions with Packet-Loss(=10%) 0 [D%%]
0
Packet-Discarded Stats 0
u]
Total PadketDiscarded 0 [0%]
Sessions with Zero Packet-Discard 7 [100%]
Sessions with Packet-Discard (< 19%) 0 [0%]
Sessions with Packet-Discard(1%: - 5%) 0 [0%]
Sessions with Packet-Discard(5%: - 10%) 0 [0%]
Sessions with Packet-Discard (> 109%) 0 [0%]
0
Packet-Duplicate Stats 0
0
Total Duplicate Packet 0 [D%%]
Sessions with Zero Duplicate Packets 7 [100%%]
Sessions with Duplicate Packets(<1%) 0 [D%%]
Sessions with Duplicate Packets{1% - 5%:) 0 [D%%]
Sessions with Duplicate Packets({5% - 10%:) 0 [D%%]
Sessions with Duplicate Packets(>10%) 0 [D%%]
0
Packet-Out Of Sequence Stats 0 [D%%]
0
Total Out Of Sequence Packet 0 [D%%]
Sessions with Zero 005 Packets 7 [100%%]
Sessions with 00S Packets(<1%g) 0 [0%]
Sessions with 005 Packets(1% - 5%) 0 [0%]
Sessions with 005 Packets(5% - 10%:) 0 [0%]
Sessions with 005 Packets(>=10%g) 0 [0%]
u]
Jitter Stats u]
u]
Sessions with Jitter( < 1 msec) 7 [100%]
Sessions with Jitter( < 5 msec) 0 [0%]
Sessions With Jitter(< 10 msec) 0 [0%]
Sessions With Jitter(>= 10 msec) 0 [09%%] ]
Insert Add Delete Edit

Figure: RTP statistics calculation
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Command Line Interface (CLI)

MAPS™ can be configured as server-side application, to enable remote controlling of the application through multiple command-line
based clients. Supported clients include TCL, Python, VBScript, Java, and .Net. 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.

CTi MapsCLI CWP (SIP ED-137C Volurne 2 Telephone Telephone)
# File Edit View

~

D E B x

8 X

[V View Latest Command

L) b b b b b b b b bk b b b b b b b b b b b b b b b b b b b b b e e

1 2022-6-17 15:29:09,039000 :
11 2022-6-17 15:29:18.699000 :
11 2022-6-17 15:29:18.919000 :
1 2022-6-17 15:29:18.919000 :
1 2022-6-17 15:29:19.031000 :
1 2022-6-17 15:29:19,143000 :
11 2022-6-17 15:29:19,254000 :
11 2022-6-17 15:29:19,365000 :
: UserEvent 1 "SetVariable"# "Packetizationtime"="20";
1 2022-6-17 15:29:19,585000 :
1 2022-6-17 15:29:19.697000 :
11 2022-6-17 15:29:19,807000 :
1 2022-6-17 15:29:19,919000 :
: UserEvent 1 "SetVariable"# "OvrPayloadList[1]"=0;
1 2022-6-17 15:29:20.140000 :
1 2022-6-17 15:29:20,251000 :
11 2022-6-17 15:29:20,362000 :
1 2022-6-17 15:29:24.521000 :
1 2022-6-17 15:29:24.616000 :
11 2022-6-17 15:29:24.727000 :
11 2022-6-17 15:29:24.837000 :
11 2022-6-17 15:29:24.,949000 :
: UserEvent 1 "GetMessageCount";
1 2022-6-17 15:29:25.172000 :
1 2022-6-17 15:29:25.281000 :
: UserEvent 1 "GetMessagelnfo"# "Index"=2;
1 2022-6-17 15:29:25,501000 :
: UserEvent 1 "GetMessagelnfo"# "Index"=4;
11 2022-6-17 15:29:25.721000 :
11 2022-6-17 15:29:25,939000 :
1 2022-6-17 15:29:26.,051000 :
1 2022-6-17 15:29:26.147000 :
1 2022-6-17 15:29:26,259000 @
erverLog:errCode = 0,errString = connection has been gracefully closed for ClientId =1

11 2022-6-17 15:29:19.475000

11 2022-6-17 15:29:20.031000

11 2022-6-17 15:29:25.061000

11 2022-6-17 15:29:25,389000

1 2022-6-17 15:29:25.611000

Start "TestBedDefault, xml" ;

LoadProfile "ED137 _Telephone_CWP_Profiles. xml"

Apply Global Configuration # "_EnableCLI"=1;

StartScript 1 "SipCallControl.gls" "CWP0001" 1 ;

UserEvent 1 "SetVariable"# "Contact"="0001@192.168.12.108";
UserEvent 1 "SetVariable"# "AddressOfRecord"="0001@192.168.12.108";
UserEvent 1 "SetVariable"# "RtpIpAddress"="192.168.12,108";
UserEvent 1 "SetVariable"# "To"="0001@192.168.12.102";

UserEvent 1 "SetVariable"# "OvrCodecListSize"=3;
UserEvent 1 "SetVariable"# "OvrCodecList[0]"="PCMA";
UserEvent 1 "SetVariable"# "OvrPayloadList[0]"=8;
UserEvent 1 "SetVariable"# "OvrCodecList[1]"="PCMU";

UserEvent 1 "SetVariable"# "OvrCodecList[2]"="telephone-event";

UserEvent 1 "SetVariable"# "OvrPayloadList[2]"=101;

UserEvent 1 "RTP_CreateSession";

UserEvent 1 "GetCallStatus”;

UserEvent 1 "GetCallStatus";

UserEvent 1 "GetNegotiatedCodec";

UserEvent 1 "SendFile"# "TxFileName"="voicefiles\Send\G711\ULAW Vijay.glw","TxFileDuration"=10;
UserEvent 1 "SIP_TerminateCall";

UserEvent 1 "GetMessagelnfo"# "Index"=0;
UserEvent 1 "GetMessagelnfo"# "Index"=1;

UserEvent 1 "GetMessagelnfo"# "Index"=3;

UserEvent 1 "GetMessagelnfo"# "Index"=5;
UserEvent 1 "GetMessagelnfo"# "Index"=6;
UserEvent 1 "GetMessagelnfo"# "Index"=7;
UserEvent 1 "GetMessagelnfo"# "Index"=8;
StopScript 1;

[ & Python 3.7.5 Shell

File Edit Shell
Python 3.7.5

Type "help",
>>>

Connected
CONNECTED
Negotiated Codec
u}

15:29:20.394
Via: 3IP/2.0/UDP

Max-Forwards: 70
Allow:

Debug  Options
(tags/v3.7.5:5c02a3%a0b, Oct 15 2019, 00:11:34)
(AMD64)] on win32

"copyright',

RESTART: C:\Program Files\GL Communications Inc)MAPS-ED137-Telephone'\PythonCli
enthexamples\ED137-Telephone\ ED137BasicCall. py
SERVER INITIALIZED

terminate_call status
->
INVITE sip:0001@8192.168.12.102 SIP/2.0

INVITE, BYE, CANCEL, ACK, INFO, OPTIONS, SUBSCRIEE, NOTIFY, REFER, REGISTER, UPDATE

Window Help

[MSC w.1916 64 bit A

"oredits™ or "license ()" for more information.

PCHMA

SUCCESS
INVITE

192.168.12.108:5060;branch=z9hG4bK-5-230341585-5478-13712

Ln: 173 Col: 4

© GL Communications Inc.
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Item No Product Description

PKS119 MAPS™ ED137 Telephone (includes PKS102)

PK1192 Addendum 2: FAA Legacy Telephone Interworking (requires additional license)

PK1194 Addendum 4: Override Call

PK1195 Addendum 5: Voice Call

Item No Related Software
PKS118 MAPS™ ED137 Radio (includes PKS107 and PKS102)
PKS117 MAPS™ ED137 Recorder (includes PKS102)

PKS102 RTP Soft Core for RTP Traffic Generation

PKS107 RTP EUROCAE ED-137

PKS120 MAPS™ SIP Emulator

PKS121 MAPS™ SIP Conformance Test Suite (Test Scripts)

PKS126 MAPS™ SIP | Emulator

PKS127 MAPS™ SIP - IMS

PKS130 MAPS™ SIGTRAN Emulator

PKV100 PacketScan™ (Online and Offline)

PKV170 Network Surveillance Software with Centralized Database Engine and Client

For more information, refer to MAPS™ ED-137 Telephone Emulator webpage.
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