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About Yeastar

Yeastar makes digital value easily accessible from ownership and adoption to daily
usage and management by transforming how businesses connect and
communicate.

Yeastar has established itself as a leading provider of UC solutions with a strong
ecosystem, a global network of channel partners, and over 650,000 customers
worldwide.

Committed to delivering the right technology to value-oriented businesses, Yeastar
offers easy-first products and services for UC&C to enable them to win in the
modern digital world. For more information about Yeastar or to become a Yeastar
partner, please visit https://www.yeastar.com/.

Currently, Yeastar's main products are Yeastar's P-Series PBX and its supporting
softphone Linkus and voice gateway.

P-Series Appliance Edition (PAE) | Yeastar P-Series Hardware PBX including Yeastar
P520/P550/P560/P570.

P-Series Software Edition (PSE) Yeastar P-Series Software PBX can install on an
on-premise Linux virtual machine or Cloud VPS.

P-Series Cloud Edition (PCE) Yeastar P-Series Cloud PBX based on multi-tenant
(multi-instance), provided Yeastar-hosted and
self-hosted.

Linkus Client Softphone with Web/Desktop/Mobile Client to work

with P-Series PBX.

Yeastar Voice Gateway Yeastar provides TA Gateway (FXS/FXO), TE Gateway
(E1), TB Gateway (BRI) and TG Gateway (LTE). Among
these, the TA gateway can be use to connect FAX
machine for fax to email via Yeastar PBX.
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Register the SIP Trunk

1. Create an Account with the Swisscom

To start with, you need to have a trunk account from Swisscom.

2. Add the SIP Trunk in P-Series PBX System

After you get the SIP trunk account, you need to add a SIP trunk in Yeastar P-Series

PBX System. Go to Extension and Trunk > Trunk, click Add.

f:yeamr B @ B Ev AgpetSausw @ Avalable 1 ° .wa

R Extension and Trunk A Extensian and Trunk / Trunk

Extension

@ Agd &) Expont 5] Dwlests
e 0 B EEm

Cllort Py Status Name Type = Hostname/Port : Usemame = Outbound Caller ID + Operations

Then you need to configure the SIP Trunk registration parameter.

Basic > Basic
® Name: Give this SIP trunk a name to help you identify it.
® Select ITSP Template: Switzerland
® [TSP: Swisscom Smart Business Connect Internet Trunk

® Make sure the trunk status is “Enabled".

) = i
3¢ Yeastar = B @ B Bv AgniSausv @ Avalablov mber or N (-] [ p
8: Extension and Trunk v Extension and Trunk / Trunk | Add
B Contacts Basic Advanced DID&/DDIs Inbound Caller ID Reformatting Outbound Caller 1D SIP Headers
B Auto Provisioning
1 Ca Control e
@ Call Features
Tast Enabled
@ Messaging
Seloct ITSP Tomplats 175
Gy o e ——
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Basic > Detailed Configuration

All the parameters are embedded except the specific account registration

information. You don't have to figure out Trunk Type, Transport, Hostname, Port,

etc. Usually only the following account information needs to be filled in according

to the content provided by Swisscom SBCon portal. (Please also check whether the

other pre-filled information is consistent.)

Pre-filled information:

Trunk Type: Register Trunk

Transport: TLS

Hostname/IP: strunkpub.join.swisscom.ch (Can be edited and modified
according to the hosthame provided by Swisscom SBCon portal, usually this
is by default.)

Port: 5061

Enable Outbound Proxy: Disable

Specific account registration information needs to be filled by yourself:

Domain: XXXXXX.join.swisscom.ch (Replace the six “X" with the
customer's specific domain provided by Swisscom SBCon portal)
Username: “SIP ID” provided by Swisscom SBCon portal. (Normally the
number with +41XXXXXXXXX)

Password: Your account password.

Authentication Name: Fill in “SIP user” provided by Swisscom SBCon

portal

Advanced > Codec Settings

In our certified templates, we will officially pre-fill a-law, G722 as we support and

recommended codec. You can double check if your configuration is the same as

the below example:



£) SIP Trunk Configuration Guide f". Yeastar

Basic Advanced DIDs/DDIs Inbound Caller ID Reformatting ‘Outbound Caller ID S|P Headers

Codec Settings

13 ftems Available 2items Selected

Advanced > VolP Settings

In our certified templates, some parameters will be pre-filled to ensure
compatibility, you can double-check if your configuration is the same as the below
example:

Enable: Enable SRTP

Enable: Ignore 183 Message without SDP

Enable: Enable RTP Keep-alive (This option is available and required only for
P-Series Appliance and Software Edition)

Enable: Force SIP URI Scheme

DTMF Mode: RFC4733 (RFC2833)

P-Series Cloud Edition P-Series Appliance/Software Edition

DIDs/DDls

In P-Series Cloud PBX, our SBC servers are using DID to identify the PBXs. You need
to add the available DIDs of this trunk, otherwise, the call will fail. (In the
Software PBX and the hardware PBX you can omit this.) And please ensure that the
DID number format entered here is consistent with the Trunk provider's number

format.



Basic Advanced DIDs/DDIs Inbound Caller ID Reformatting Outbound Caller ID SIP Headers

€] Export 'E[ Delete

DID/DDI 2 DID/DDI Name 2 Move Operations
T Floal~ ¥ 2 W

+41 I T oA vk Z 1w
T 41— T A~V & Z W

+4 A Flalv|k 2 W

Q Totai4 < E] >

You can add a single DID or a range of DIDs.

Add DID/DDI X

The DID number format filled in here should be consistent with the
Trunk provider's number format, otherwise the call will fail.(Please
consider this point if you can not make or receive calls.)

* Create Method :

DID Range v

¥ DID Range *

+41e | — | +41 -

DID/DDI Name:

20/ page
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Inbound Caller ID Reformatting

In our certified templates, the parameters will be pre-filled to ensure compatibility,

you can double check if your configuration is the same as shown below.

Basic Advanced DIDs/DDIs Inbound Caller ID Reformatting Outbound Caller ID SIP Headers
@ Add [3 Import | €] Export [EREIESEETS
Patterns = Strip & Prepend 2 Move Operations

o Flalv L 2 @
Q Total:1 < > 20/ page

SIP Header > Outbound Parameters

In our certified templates, some parameters will pre-filled to ensure compatibility,
you can double check if your configuration the same as the below example.

e From User Part: Originator Caller ID

e Diversion: [Default]

e P-Preferred-ldentity: Trunk Username (This is the “SIP ID” you filled in

Trunk > Basic > Detailed Configuration )

o =
¢ Yeastar = 0 @6 & @noman @amn
© Dashboard Extension and Trunk / Trunk / Edit (Swisscom-Test)
R Extension and Trunk
Gac  Amanced  DDSDD  IboudCalerDReomatng  OuboundCalerld S Headers
Exension
Extension Group Inbound Parameters
Clentpermission « GetCater D From <GetoFrom
Folow sysem Folow system
Tk
Role
‘Outbound Parameters
B Contacts v
< From user P + From Dispiay Name Par
B Avopousonng v Ongnator Caer D ety
1 call Control v Diversion Remote-Party-ID
[Defaul] {None]
§ Call Fiow Designer

P-Asserted-dentiy P-Preferred-ldentiy
@ callFeatures v

None] Trunk Userame
@ Messaging v
B PaX Settings v Other Settings
O sysem v User Agent Ream
@ security i
X Maintenance v

e

@ Integrations v
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SIP Header > Other Settings

In our certified templates, some parameters will be pre-filled to ensure

compatibility. You can double-check if your configuration is the same as the
example below:

e 100rel: Supported
¢ Maxptime: 20

Extension and Trunk / Trunk / Edit (andytest)

Basic Advanced DIDs/DDIs Inbound Caller ID Reformatting Outbound Caller D SIP Hoaders

P-Profarrad-identity

[None] Trunk Usemame

Other Settings

Send Privacy ID
User Phone
Support P-Early-Media

Send 183 Message with P-Early-Media Header

Em

After confirming the above information, you can click Save and Apply to complete
the trunk configuration.

Note: The trunk status will show as© (‘Registered’) only after you have uploaded the
TLS certificate to the PBX in Step 7.

Extension and Trunk / Trunk

Type 2 Hostname/Port = Username =+

ame +
IE’ SwisscomTrunk Register Trunk

Outbound Caller ID = Operations

2 |

10
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3. Configure the Inbound Route with SIP Trunk

To specify how calls from the SIP trunk should be routed, you need to configure an
inbound route for the SIP trunk.

Go to Call Control > Inbound Route and click Add.

o =
5+ Yeastar =
8: Extension and Trunk v Call Control / Inbound Route
[ Contacts v
@ Add &] Export [EESESEEE
Auto Provisioning v
Name DID Patterns Caller ID Pattern Default Destination
1il Call Control i~

Inbound Route W E

i
|
|

Outbound Route
AutoCLIP Route
Business Hours and Holidays

Emergency Number

| |
| |

Q Call Features v

Then configure the necessary settings.

Select the trunk you created just now and move it on the right. And according to

your own requirements to set the inbound routing conditions.

Call Control | Inbound Routs | Add

General
* Name inbound Alert Info
SwisscomTrunk
Trunk
® 14 items Available Oitem Selected
u  Namo Trunk Type Name Trunk Type
*
M SwisscomTrunk Rogistar Trunk
el
[ andytest Register Trunk
5100-fax Account Trunk
req_fqdn 91 Register Trunk

11
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® Name: Give this inbound route a name to help you identify it.
® Trunk: Choose the Swisscom Smart Business Connect Internet SIP trunk you
created.
® Inbound Alert Info: The Alert Info field is used to configure distinctive ring
tones for incoming calls.
® DID Pattern: The DID pattern is used to match callee numbers for inbound
call routing. In this example, only inbound calls with callee numbers matching
the defined DID pattern will be routed to the specified extensions in a
one-to-one correspondence.
For more details on configuring different DID matching modes, see the
guidance for P-Series Appliance Edition, Software Edition, and Cloud Edition.
® Caller ID Pattern: The pattern used to match caller ID. Only when the caller ID
matches the pattern can users dials in through this route.
® Default Destination: Set the default destination or set with Time Condition.
DID Pattern
The number format filled in here should be consistent with the Trunk provider's number format, otherwise the call will fail because the number doesn't match. (Try to remove DID number pattern if you encounter an
inbound call failed.)
DID Number to Specific Extension
DID Number Match to Extension Operations
+41211234567 5000-Leo Ball Z @
+41439876543 5002-Sarah Bennet Z
+41445551234 5006-Rachel Morgan 2 @
Q Total:3 20 / page
Caller ID Pattern
Caller ID Matching Settings
Default Destination
DID Number to Specific Extension

After you configure all the conditions you want to, click Save and Apply. Then

when customers call the DID number, the call will be routed to the destination

configured on this inbound route.

12
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4. Configure the Outbound Route with SIP Trunk

To make outbound calls via the newly created SIP trunk, you need to configure an

outbound route for the trunk.

Go to Call Control > Outbound Route and click Add.

,'. Yeastar & B @ E By Aensousy @ Avasbey Q QO

£ Extension and Trunk ¥ CaliGonrol / Outbound Route

I sund Calle 1D Dial Patton Extansion/Grou Move opentions 7
. L |

The system compares the number with the pattern that you have defined in your
first route. If it matches, it will initiate the call using the selected trunks. If it does
not, it will compare the number with the pattern you have defined in the second
route and so on. The outbound route which is in a higher position will be matched
first.

We suggest that you can follow the below example to set the Dial Pattern to meet
the common outbound calling format requirement in Switzerland.

e Name: Give this outbound route a name to help you identify it.

e Dial Pattern: You can use a dial pattern to determine whether to use this trunk
for outbound calls. For example, you can use different call prefixes before the
number to distinguish between outbound routes.

By default, it is necessary to add the following patterns in order. The system
checks the dialed number against these patterns from top to bottom and applies
the strip/prepend rule of the first pattern that matches, then sends the call.

Note: The system processes emergency numbers with the highest priority,
before evaluating these dial patterns. Please configure them in the Emergency
Numbe section below.

Pattern Strip Prepend
00. 2 +
1 +41
X. Empty Empty
+X. Empty Empty

13



SIP Trunk Configuration Guide «;. Yeastar

Dial Pattern

* Pattem strip Prepend Operations

00 2 &

5 +41 jof
X o]

X o

+ Add

e Trunk: Select the Swisscom Smart Business Connect Internet SIP trunk you
created.

e Outbound Route Password: You can prompt users for a password before
allowing calls to progress.

Single PIN

Rememory Hunt

e Extension/Extension Group: Select the extensions or extension groups that are
allowed to make calls through the outbound route.

Extension / Extension Group

| 2/14 items Available 2items Selected
L] Extension Number Caller ID Name Extension Number Caller ID Name
Extension Group Support Team 2007 Ashley Gardner
BEi
Extension Group Sales Team . Camen Gordon
Extension Group Presales Team
Extension Group Receptionist
5000 Leo Ball
5001 Kristin Hale

e Time condition: You can select a time condition to specify when this outbound
route can be used.

Time Condition

Always
Based on Global Business Hours

Based on Custom Business Hours ays of Week

Based on Custom Time Periods

After you configure all the conditions you want, click Save and Apply.
You can now make outbound calls through the SIP trunk. If you have configured a

special call prefix, you need to add a specific symbol or prefix number before
making an outgoing call.

14
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5. Emergency Number Settings

J
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It is necessary to add all Swiss emergency numbers so that you can call them
without any +41 prefix.
Note: Once the configuration is complete, emergency numbers must be tested.
Go to Emergency Number > Emergency Number and click Add.

’
g

[-%
2:

e}

B

Yeastar -] EJv AgentStatusv @ Available

Extension and Trunk v Call Control / Emergency Number

Contacts = i
Emergency Number Notification Contact

Auto Provisioning

Mame Emergency Number Emergency Qutbound Caller ID Priority Trunk’s Outbound Caller ID
Inbound Route

Outbound Route

QO Total: 1

AutoCLIP Route

Business Hours and Holidays

Configure the emergency numbers, for example for 112:

® Name: Give this emergency number a name to help you identify it.

® Emergency Number: Enter the emergency number 112.

o ozsz’

Operations

2 @&

20/ page

® Emergency Outbound Caller ID Priority: Leave the Emergency Outbound
Caller ID Priority field as the default setting. This setting is typically for
enhanced emergency calling and will not affect basic emergency calling. For
basic emergency calling, you don't need to set Emergency Outbound Caller ID

for extensions and trunks.

® Outbound Rules: Select the trunk you created for emergency calls. Emergency
calls have the highest priority. If the selected trunk is occupied, PBX will

terminate the ongoing call, and place the emergency call.

General

us

Outbound Rules

Trur Trunk's Emergency Outbound Caller D Prepend for Emerg

15
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6. ToS Settings

To ensure consistent quality for voice and video traffic, it is recommended to prioritize
the traffic over other network traffic, and align the PBX’s QoS settings with the QoS
policy on the peer network.

Log in to PBX administrator portal, go to PBX Settings > SIP Settings > QoS, then
set ToS SIP to AF41 to prioritize SIP traffic.

PBX Settings / SIP Settings

General Codec TLS Session Timer Qos T.38 Advanced

ToS (Type of Service)

*ToSSIP

| AF41

16
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7. Upload the TLS certificates

This step is different for P-Series Appliance Edition, P-Series Software Edition and
P-Series Cloud Edition.

P-Series Cloud Edition

You can skip this step because, for PCE, our mechanism does not verify the certificate.
Instead, it verifies the IP through our proxy server. Each trunk is managed by the
proxy server, and only the IPs of Swisscom can connect through TLS.

P-Series Appliance Edition & P-Series Software Edition

Yeastar P-Series Appliance Edition and Software Edition support the TLS protocol to
secure SIP messaging. Before using the TLS protocol on the Swisscom Smart
Business Connect Internet Trunk, Swisscom suggests uploading the TLS certificate.
To successfully establish a TLS connection to Swisscom Smart Business Connect
Internet trunk, the SwissSign Gold CA - G2 is required as a trusted certificate.
Download: https://www.swisssign.com/support/ca-prod

The Gold G2 certificate in the PEM version is required.

Then Log in to PBX administrator portal. Go to Security > Security Settings >
Certificates, click Upload.

curity /| Security Settings
Security Options

& Upload

File Name Type Issued To Expiration Time

A window will pop up, requiring you to select the certificate type and upload the
certificate.

17
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Upload Certificate X

* Certificate Type /

Trusted Certificate v

* Please choose a ceriificate

—
X Cancel JMREULGES]

After the certificate is uploaded successfully, it is displayed in the Certificates list.
Next, go to PBX Settings > SIP Settings > TLS > TLS Verify Server. Enable the TLS

option and the TLS Verify Server when the PBX is acting as a client, and then click
Save.

PBX Settings / SIP Settings

General Codec TS Session Timer QoS T.38 Advanced

e |

* SIP TLS Port

5061

When PBX acting as a Server

TLS Certificate

[None]
TLS Verify Client

PBX Trusted Certificates can be uploaded and managed at ity i > Certi

When PBX acting as a Client

* TLS Connection Method

TLS V1.2

LS Verlty Serverl ™

PBX Trusted Certificates can be uploaded and managed at Security Settings > Certificates.

18
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8. Incompatible scenarios

Regarding the following special scenarios and user experience optimizations, we will
continue to support them in future versions. If you require the implementation of
these functions for regular use or special projects, please contact Yeastar. Thank you
for your patience and trust.

® Select DOD to call out with anonymous or normal (CLIR call-by-call)
Anonymous outgoing calls can only be configured for the entire trunk. If you
want to use a special DID prefix pattern to control anonymity, we currently do
not support it.

® Press DTMF before the call is connected when making an outbound call
In our Yeastar Linkus Client, we cannot input DTMF before the call is connected
when making an outbound call. For example, when navigating an IVR menu, the
dial pad isn't accessible.

e SIP 302
Currently not supported yet.

® FAX transmissions limitation
Fax transmissions e.g. with Yeastar FXS Gateways need to be done through
G.711a-law.

® MOH situation
When the remote party initiates call hold signaling (SIP Re-INVITEs), Yeastar will
not send the Re-INVITE. Due to different configurations, Yeastar will play the
corresponding hold music according to the PBX configuration.

® PANI
E112 Emergency Calling with PANI header is currently not implemented.

@ Billing with Special Arrangement

Billing with Special Arrangement: The billing will be done on the trunk main
number instead of the user number.

19
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Support Contact

Yeastar

helpdesk@yeastar.com

Swisscom

Swisscom Support DE
Swisscom Support FR
Swisscom Support IT


mailto:helpdesk@yeastar.com
https://documents.swisscom.com/product/1000333-sme_partnermanagement/documents/bpa/zugangskonzept/zugangsnummern_flyer-de.pdf?idxme=pex-search
https://documents.swisscom.com/product/1000333-sme_partnermanagement/documents/bpa/zugangskonzept/zugangsnummern_flyer-fr.pdf?idxme=pex-search
https://documents.swisscom.com/product/1000333-sme_partnermanagement/documents/bpa/zugangskonzept/zugangsnummern_flyer-it.pdf?idxme=pex-search
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