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aliln  Cisco Unified CM Administration e
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System » CallRouting +  Media Resources »  Advanced Festures +  Device +  Application +  User Management +  Bulk Administration +  Help «

Related Link

B Save x Delete

rStatus

Copy %RBSBT Z Apply Config EDZ Aicded Mesee

About

Back To Find/List

t

@ Status: Ready

@ All SIP devices using this profile must be restarted before any changes will take affect.

r SIP Profile Information

Mame* Standard SIP Profile for MCU Yinteo

Description Standard SIP Profile for MCU Yinteo

Default MTP Telephany Event Payload Type™ 101

Early Offer for G.Clear Calls™ Disabled ¥
User-Agent and Server header information® [ Send Unified CM version Information as User-Agen ¥
Wersion in User Agent and Server Header® [ one T
Dial String Interpretation® Phone number consists of characters 0-9, %, #, anc ¥
Confidential Access Level Headers® Disabled r

Redirect by Application

Disable Early Media on 180

Qutgoing T.38 INVITE include audio mline

Use Fully Qualified Domain Name in SIP Reguests

Assured Services SIP conformance

SDP Information

SDF Session-level Bandwidth Modifier for Early Offer and Re-invites® | T1as and as r
SDP Transparency Profile Pass all unknown SDP attributes M
aceept Audio Codec Preferences in Received Offer® Default v

¥/ Require SDP Inactive Exchange for Mid-Call Media Chanage
allow RR/RS bandwidth rodifier (RFC 3556)

rParameters used in Phone

Timer Invite Expires {seconds)® 180
Timer Reqgister Delta (seconds)™® g
Timer Register Expires (seconds)™ 600
Tirmer T1 {msec)® s00
Tirmer T2 {msec)® 4000
Retry INVITE® 5

Retry Mon-INVITE® 10
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alialy - Cisco Unified CM Administration SEVEEIE Cisco Unified i Administracicn ¥ | Go |
CIS€@  Fgp Cisco Unified Communications Solutions ch Documentatio About t

System - Call Routing ~  Media Resources = Advanced Festures »  Device = Application User Management »  Bulk Administration = Help -

nfiguration 3 Back To Find/List

B Save x Delete Copy %l Reset z Apply Config Ell}i Acid M

rParameters used in Phone )
Timer Invite Expires (seconds)® |]_30 |
Timer Register Delta (seconds)® |5 |
Timer Register Expires (seconds)* |3500 |
Timer T1 {msec)® 500 |
Timer T2 (msec)* 4000 |
Retry INVITE® s |
Retry Non-INWITE* 10 |
Media Part Ranges '® Comrmon Port Range for sudio and Wideo
' Separate Port Ranges for Audio and video
Start Media Port® 16384 |
Stop Media Port® 32768 |
DSCP for audio Calls |Use Systern Default T ‘
DSCP for Video Calls | Use Systern Default v
DSCP for Audio Portion of Yideo Calls | Use Systern Default v
DSCP for TelePresence Calls |Use Systern Default v ‘
DSCP for Audio Portion of TelePresence Calls | Use Systern Default v
Call Pickup URT* |x-c\sco-ser’wceur’i-pickup |
Call Pickup Group Other URT* |x-c\sco-ser’wceur’i-opickup |
Call Pickup Group URIT¥ |x-c\sco-ser’wceur’i-gpickup |
Meet Me Service URT* |x-cwsco-ser’wceur’i-rneetrne |
User Info* |None M ‘
DTMF DB Level® |Nom\na| v ‘
Call Hold Ring Back* [off ]
anonymaus Call Block* | off v]
Caller 1D Blocking* | off v
Do Not Disturb Control® | user ]
Telnet Level for 7940 and 7960* [ Disabled v
Resource Priority Mamespace |< Mone > v ‘
Timer Keep Alive Expires (seconds)® |12n |
Timer Subscribe Expires (secnnds)* |12n |
Timer Subscribe Delta (seconds)™® |5 |
Maximum Redirections™® |?D |
Off Hook To First Digit Timer (milliseconds)* |15nnn | -
!E] SIP Trunk Security... bhtml -~ @ Trunk Configuration.html E] SIP Profile Canfigu... kitrnl -~ MokasaTe sCe x
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cisco About Logout

For Cisco Unified Communications Solutions ne o

System » Call Routing +  Media Resources »  Advanced Festures +  Device +  Application »+  User Management +  Bulk Administration =  Help -

PG R S Back To Find,/List

B Save x Delete Copy %' Reset Z Apply Config I#} Bidid Mesae

rParameters used in Phone )
Timer Invite Expires (seconds)® |1an |
Timer Register Delta (seconds)® |5 |
Timer Register Expires (seconds)™ |3E.DD |
Timer T1 (msec)™® |SDD |
Timer T2 {msec)* 4000 |
Retry INVITE® s |
Retry Mon-INVITE® 10 |
Media Part Ranges '® Cammon Port Range for Audio and Videa
! Separate Port Ranges for Audio and video
Start Media Port* 16384 |
Stop Media Port* 32768 |
DsCP for Audio Calls | Use Systern Default ]
DSCP for Wideo Calls | Use Systern Default v |
DSCP for Audio Portion of Video Calls |Use Systemn Default v |
DSCP for TelePresence Calls |Use Systern Default v |
DSCP for Audio Partion of TelePresence Calls |L|se Systern Default v |
Call Pickup URI* |x-D\scn-servwceuri-pickup |
Call Pickup Group Other URI* |x-c\5cn-serwceuri-npickup |
Call Pickup Group URI* |x-cwscu-serwceuri-gpickup |
Meet Me Service URT¥ |x-cwscu-serwceuri-meetme |
User Info* |None v |
DTMF DB Level* |Nom|na| v |
Call Hold Ring Back®* |0Ff v |
fnonymous Call Block™ | off v]
Caller 1D Blocking® | off v
Do Not Disturb Control® |user ]
Telnet Level for 7940 and 7960* [Disabled v
Resource Priority Namespace |< Mone = M |
Timer Keep alive Expires (seconds)™ |]_20 |
Timer Subscribe Expires (seconds)™® |]_20 |
Timer Subscribe Delta {(seconds)™ |5 |
Maximum Redirections* |?D |
Off Hook To First Digit Timer (milliseconds)® |]_5ggg | e
E] SIP Trunk Security... html B Trunk Configuration.btml -~ E] SIP Profile Configu....html MokasaTe BCe x
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alinln  Cisco Unified CM Administration i

CISCO  Fy4 Cisco Unified Communications Solutions 2 tatin About Logout

System » CallRouting +  Media Resources »  Advanced Festures +  Device +  Application +  User Management +  Bulk Administration +  Help «

PG R Back To Find,/List

B Save x Drelete Copy %' Reset £ Apply Config |:|‘} Aicded Mesee

rParameters used in Phone )
Timer Invite Expires (seconds)® |1an |
Timer Register Delta (seconds)® |5 |
Timer Register Expires (seconds)™ |3E|DD |
Timer T1 (msec)™® |SDD |
Timer T2 {msec)* 4000 |
Retry INVITE® s |
Retry Mon-INVITE® 10 |
Media Part Ranges '® Commoan Port Range for Audio and Video
| Separate Port Ranges for Audio and Wideo
Start Media Port* 16384 |
Stop Media Port* 327686 |
DsCP for Audio Calls |Use Systern Default v |
DSCP for Wideo Calls |Use systern Default v |
DSCP for Audio Portion of Video Calls |Use Systern Default hd |
DSCP for TelePresence Calls |Use Systern Default v |
DSCP for Audio Partion of TelePresence Calls |Use Systern Default v |
Call Pickup URI* |x-ciscn-serviceuri-pickup |
Call Pickup Group Other URI* |x-ci5cn-serviceuri-npickup |
Call Pickup Group URIL* |x-ciscu-serviceuri-gpickup |
Meet Me Service URT® |x-ci5cu-serviceuri-maetma |
User Info* |None M |
DTMF DB Level* |Nom|na| v |
Call Hold Ring Back® |Of'f v |
fnonyrous Call Block™ | off v]
Caller ID Blocking® | off v
Do Mot Disturk Control® |user 7]
Telnet Levsl for 7940 and 7960* [ Disabled v
Resource Priority Namespace |< MNone = M |
Timer Keep Alive Expires (seconds)™ |120 |
Timer Subscribe Expires {seconds)™® |120 |
Timer Subscribe Delta {(seconds)™ |5 |
Maximurm Redirections* |?D |
Off Hook To First Digit Timer (milliseconds)™® |]_5ggg | e
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o |F8 A [G) 18:40 w

22.12.2016

ﬂl‘lycnl

B 2€oed el e |




e Cisco CUCM SIP Trunk

YNpaEneHHe KoHbepeHuHE 3 \ lml = |G| 2
< C | A berT /192 165, 10 5/ ccmadmin/TunkEdit dotkey =46 ledase-7008-32 77- 2043467 192fe 9 5ff

/b Trunk Configuration

% @ @ 0

alaln  Cisco Unified CM Administration
cisco

(Gl Cisco Unified CM Administration ¥

For Cisco Unified Communications Solutions rch umnentation About

System = Cal Routing = Medis Resources = Advanced Festures »  Device »  Application = User Management ~  Bulk &dministration =  Help -

Trunk Configuration Related Links: [=El=I Q) alglFi3 v | GO
LB Save x Delete % Resst [ Ad Nsw

-
r Status

@ Status: Ready

r SIP Trunk Status

Service Status: Unknown
Duration: Unknown

rDevice Information

Product: SIP Trunk
Device Protocol: sIP
Trunk Service Type Mone{Default)

Device Name* Trunk_to_MCU_Vinteo

Description Trunk_to_MCU_Vinteo

Device Poal¥® Astana_DP ¥

Common Device Configuration

< Mong = T
Call Classification® Use System Default hd
Media Resource Group List < Mone = v
Location™® Astana_Location hd
AAR Group < Mone = v
Tunneled Pratacol® MNone v
QSIG Variant™ Mo Changes hd
ASH.1 ROSE QID Encoding® Mo Changes hd
Packet Capture Mode® Mone v
Packet Capture Duration 0

Media Termination Point Required

¥ Retry Video Call as Audio
Path Replacement Support
Transrnit UTF-& for Calling Party Name
Transrnit UTF-& Mames in QSIG APDU
Unattended Port

SRTP Allowed - When this flag is checked, Encrypted TLS needs to be configured in the network to provide end to end security, Failure to do so will expose keys and other information.

Consider Traffic on This Trunk Secure® Wwhen using both sRTP and TLS v
Route Class Signaling Enabled* Default ¥
Use Trusted Relay Point® Default v

PETH Access

#/Run On All Active Unified CM Nodes

@ SIP Trunk Security... htrl a Trunk Configuration.html -~ @ SIP Profile Configu....html
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aliln  Cisco Unified CM Administration e

CISCO  fup Cisco Unified Communications Selutions

System » CallRouting +  Media Resources »  Advanced Festures +  Device +  Application +  User Management +  Bulk Administration +  Help «

Trunk Configuration Related Link:

B Save x Delete % Resst O AddNew

SRTP Allowed - When this flag is checked, Encrypted TLS needs to be configured in the network to provide end ta end security, Failure to do so will expose keys and other information.

Consider Traffic on This Trunk Secure® wihen using both sRTP and TLS v

Route Class Signaling Enabled* Default v

Use Trusted Relay Point™ Default b
PETN Access

#/Run On All Active Unified CM Nodes

About

Back To Find/List

t

rIntercompany Media Engine (IME}

E.l84 Transformation Profile | < None = M

rMLPP and Confidential Access Level Information
MLPP Dornain < None = hd
Confidential Access Mode | < None = r

Confidential Access Level | = none = v

rCcall Routing Information

¥ Remote-Party-Id

¥ Asserted-Identity
nsserted-Type * | Default v

SIP Privacy® Default b

rInb d Calls
Significant Digits* all v
Connected Line ID Presentation® [ Default v
Connected Name Presentation® [ Default v
Calling Search Space AST_Internal_CSS v
AAR Calling Search Space < Mone = v
Frefix DN

Redirecting Diversion Header Delivery - Inbound

Incoming Calling Party Settings
If the administrator sets the prefix to Default this indicates call processing will use prefix at the next level setting (DevicePool/Service Pararmeter). Otherwise, the walue configured is used as the prefix unless the field is empty in which case there is no prefix assigned.

| Clear Prefix Settings | Default Prefix Settings |

Number Type Prefix Stip Digits Calling Search Space Use Device Pool £S5

Incaming Number Diefault a = None = v rd

rIncoming Called Party Settings
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CIS€O  pg4r Cisco Unified Communications Solutions arch

System «  CallRouting »  Medis Resources «  Sdvanced Festures v  Device v Application «  User Management +  Bulk Sdministration = Help =

nfiguration Related Link:
B Save x Delete % Resst ClO Acdhew
r Incoming Calling Party Settings -

If the administrator sets the prefix to Default this indicates call processing will use prefix at the next level setting (DevicePool/Service Parameter), Otherwise, the value configured is used as the prefix unless the field is empty in which case there is no prefix assigned.

| Clear Prefix Settings | Default Prefix Settings |

Number Type Prefix Strip Digits talling Search Space Use Device Pool £S5

Incoming Number Diefault a = None = v vd

rIncoming Called Party Settings

If the administrator sets the prefix to Default this indicates call processing will use prefix at the next level setting (DevicePool/Service Parameter), Otherwise, the value configured is used as the prefix unless the field is empty in which case there is no prefix assigned.

| Clear Prefix Settings | Default Prefix Settings |

Number Type Prefix Strip Digits Calling Search Space Use Device Pool C55

Incoming Nurmber Default a = None = v Ld

rConnected Party Settings

Connected Party Transformation CSS | < None = v

¥ Use Device Pool Connected Party Transformation CSS

rOutbound Calls

Called Party Transformation CS5 < Mone = v

#| Use Device Pool Called Party Transformation CSS
Calling Party Transformation CSS < Mone = v

#| Use Device Pool Calling Party Transformation CSS

Calling Party Selection® Criginator v
Calling Line 1D Presentation™ Default v
Calling Mame Presentation™® Default b
Calling and Connected Party Infa Format® [Deliver DN only in connected party v

Redirecting Diversion Header Delivery - Outbound
Redirecting Party Transformation CS3 < Mone = v

#| Use Device Pool Redirecting Party Transformation CS5

Caller Information

Caller ID DM

Caller Narmne

Maintain Original Caller ID DM and Caller Mame in Identity Headers

@ SIP Trunk Security...html -~ @ Trunk Configuration.html @ SIP Profile Configu.. html MokazaTe BCe x
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alln  Cisco Unified CM Administration M Cisco Unified CM administration ¥ | G |
.

CISCO  Fgr Cisco Unified Communications Solutions 1z L About ogout

System » Call Routing +  Media Resources »  Advanced Festures +  Device +  Application »+  User Management +  Bulk Administration =  Help -

Trunk Configuration PG R S Back To Find,/List v | Go

LE Save x Delete % Resst O A New

Caller Information -~

Caller ID DN

Caller Name

Maintain Criginal Caller ID DM and Caller Name in Identity Headers

r SIP Information

r Destination

Destination Address is an SRY

Destination Address Destination Address IPv6 Destination Port Status Status Reason Duration
1% |192.168.10.26 5060 T2 2 /A H|| =
MTP Preferred Originating Codec® Fliulaw v
BLF Presence Group* Standard Presence group v
SIP Trunk Security Profile® Mon Secure SIP Trunk Profile v
Rerouting Calling Search Space = Mone = v
OQut-Of-Dialog Refer Calling Search Space | « Mone = v
SUBSCRIBE Calling Search Space = Mone = v
SIP Profile* Standard SIP Profile for MCU Vinteo ¥ | Wiew Details
DTMF Signaling Method* Mo Preference hd
rMNormalization Script
Mormalization Script | < MNone = v
Enable Trace
Parameter Name Parameter ¥alue
1 | =

rRecording Information
* Mone
This trunk connects to & recording-enabled gateway

This trunk connects to other clusters with recording-enabled gateways

r Geolocation Configuration
Geolocation = Mone = v

Geolocation Filter | < None = v

Send Geolocation Information
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aliil,  Cisco Unified CM Administration TPILPUE Cisco Unified CM Administration ¥ | Go |
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System = Cal Routing - Medis Resources = Advanced Festures =  Device = Spplicstion = User Management ~  Bulk &dministration = Help -

nfiguration
LE Save x Delete % Resst [ Adllsw
Caller Information -
Caller 1D DN

Caller Marne

Maintain Criginal Caller ID DN and Caller Mame in Identity Headers

r SIP Information

rDestination

Destination Address is an SRY

Destination Address Destination Address IPv6 Destination Port Status Status Reason Duration
1% |197.165.10.26 5060 [T /A ) || =
MTF Preferred Originating Codec* Filiulawm v
BLF Presence Group™ Standard Presence group A
SIP Trunk Security Profile® Mon Secure SIP Trunk Profile hd
Rerouting Calling Search Space = Mone = v
Qut-Of-Dialog Refer Calling Search Space | < None = T
SUBSCRIBE Calling Search Space = None = v
SIP Profile® Standard SIP Profile for MCU Vinteo ¥ | Miew Details
DTHF Signaling Methad*® No Preference r
rMNormalization Script
MNorrnalization Script | < None = T
Enable Trace
Parameter Name Parameter Value
1 IREE]

rRecording Information
* Mone
This trunk connects to a recording-enabled gateway

This trunk connects to other clusters with recording-enabled gateways

—Geolocation Configuration
Geolocation < Mone = v

Geolocation Filter | <« MNane = M

Send Geolocation Information
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