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Introduction 
This document summarizes interoperability test results relating to the validation of Ascom’s and the Partner’s 

platforms. It also describes recommended steps and guidelines to configure these respective platforms and 

provides a point of contact for inquiries. The report should be used in conjunction with configuration guides from 

Ascom and the Partner. 

Ascom is a global solutions provider focused on healthcare ICT and mobile workflow solutions. The vision of 

Ascom is to close digital information gaps allowing for the best possible decisions – anytime and anywhere. 

Ascom’s mission is to provide mission-critical, real-time solutions for highly mobile, ad hoc, and time-sensitive 

environments. Ascom uses its unique product and solutions portfolio and software architecture capabilities to 

devise integration and mobilization solutions that provide truly smooth, complete, and efficient workflows for 

healthcare as well as for industry, security, and retail sectors. 

Ascom is headquartered in Baar (Switzerland), has operating businesses in 18 countries and employs around 1,300 

people worldwide. Ascom registered shares (ASCN) are listed on the SIX Swiss Exchange in Zurich. 

Cisco (NASDAQ: CSCO) is the worldwide technology leader that has been making the Internet work since 1984. 

Our people, products and partners help society securely connect and seize tomorrow's digital opportunity today. 

Discover more at thenetwork.cisco.com and follow us on Twitter at @Cisco.  

http://thenetwork.cisco.com/
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Site Information 

Ascom  

Gothenburg 

Sweden 

 

Testing was carried out in late April 2023 by Matthew Morley at Ascom’s facilities in Gothenburg. 

The Ascom interoperability team validated General Availability (GA) release for the Ascom IP-DECT Base Station 

(IPBS2/IPBS3), version 11.9.11. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Note: The Ascom IP-DECT Base Station was connected over a NAT router not pictured here.  
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Summary 

Interoperability testing of Ascom IP-DECT towards Cisco Webex Calling Multi-Tenant (MT) produced, with a few 

exceptions, satisfactory results.  

Observed issues and limitations are listed under “Known Limitations” on page 6. 

All tests were carried out using SIP as the signaling protocol towards Cisco Webex in the “cloud”. Ascom ensures 

compatibility/interoperability with Cisco Webex Calling MT, given that tested releases for call control are running on 

the 3rd party platform. DECT handsets registered as Customer Managed Devices using the Generic SIP Phone 

interface. 

For more information about the cloud-based Unified Communications (UC) and Collaboration solution, please 

contact Cisco Systems. 

Basic Call, TLS 1.2 (Secure Voice) OK TLS profile set to “Strict” on 

the IP-DECT base station. 

Wideband Audio (HD Voice) OK G 722.2 (AMR-WB) supported 

between later generation 

DECT handsets. 

DTMF OK  

Hold, Retrieve, Enquiry and Brokering OK  

Music on Hold (MoH) OK  

Attended Transfer OK  

Blind Transfer OK  

Semi-attended Transfer OK  

Call Forward Unconditional OK  

Call Forward No Reply OK  

Call Forward Busy OK  

Call Waiting OK  

Message Waiting Indication Not tested Message Waiting Indication 

is not supported as part of 

this integration 

Voice Mail Not tested  

Do Not Disturb OK  

Calling Line/Name Identification OK  

Connected Line/Name Identification OK  

Conference Call OK Three-party conference can 

only be initiated from the 

Webex app. 
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Cisco Webex Calling MT requires 

unique MAC addresses for each 

Customer Managed Device. 

Only one DECT handset 

per IP-DECT base station 

can be registered. 

Add fictitious MAC 

addresses derived from the 

MAC of the Ascom IP-DECT 

base station. During testing 

incremented by one (hex) 

per DECT handset. 

 

ICE negotiation not supported by 

Cisco Webex Calling MT for 

Customer Managed Devices. 

One-way voice when 

calling from DECT to 

Webex app. Speech 

cannot be heard at DECT 

handset. 

Disable ICE on the IP-DECT 

base station, the main 

caveat being termination of 

all RTP in the “cloud” for 

DECT handsets (indirect 

RTP). 

N/A, please see 

Ascom ticket ref. 

MRS-938 for 

analysis. 

Root CA Certificate (for TLS) did not 

show up under “Rejected 

Certificates” on the IP-DECT base 

station   

Possibly a problem 

related to the test 

environment. IP-DECT 

base station cannot 

communicate with Cisco 

Webex Calling MT.  

Upload root CA certificate 

manually to the IP-DECT 

base station. 

 

Message Waiting Indication (MWI) on 

Ascom DECT handsets not 

supported for this integration. 

 Notifications can be sent by 

Webex as email or SMS.  

 

 

For additional information regarding known issues and limitations, please contact interop@ascom.com or 
support@ascom.com. 
 

For detailed test results, refer to “Appendix B: Detailed Test Records”.  

mailto:interop@ascom.com
mailto:support@ascom.com
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Appendix A: Test Configurations 

Cisco Webex Calling Multi-Tenant, R23/R24 BWKS  

Cloud-based UC configuration 

These screenshots serve to reflect the aspects of managing users and devices in the web-based Webex Control 

Hub application.  

Please refer to the partner’s online help and documentation for further details. 

 
Home -> Overview 
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Management -> Users 

 

 

Note: Email addresses have been anonymized.  

 

Management -> Users -> User -> Summary 
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Management -> Users -> User -> Calling 

 

 

This is where voicemail and call handling are configured for the each user in Webex Control Hub. 

Note: Telephone numbers have been anonymized.  
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Management -> Users -> User -> Calling -> Caller ID 

 

 

Here, the Caller ID for outgoing calls is configured. 
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Provisioning a User 

These screenshots provide basic guidance when adding a device to an existing user. Note that there are various 

approaches to provisioning users. 

For further guidance, please see Cisco Webex Calling’s online resources on licensing and configuration. 

Management -> Users -> Manage Users 

 

 
 

Management -> Users -> Manage Users -> Manually Add Users 
 
Run through all the steps of the wizard. 
 
Select “Manually add users”.  
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Add users and then select “Next”.  
 

 

 

Run through the rest of the wizard to review licenses, assign phone numbers and extensions, and then confirm by 

selecting “Add Users”. 

 
 
Note: Email addresses need to be verified.  
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Management -> Users -> User -> Devices 
 
For the users from the previous step, select “Add Device” under Devices. 

 

 
 
 
First select “Customer Managed Device” and “Generic IPPhone Customer Managed” from respective drop-down 
menus. Then enter a fictitious MAC address derived from the MAC of the Ascom IP-DECT base station, 
acknowledge the disclaimer, and click “Save”.  
 

 
 

Lastly, record all SIP registration details and credentials for future use. See example on the next page. 
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Device details below correspond to the DECT user example in the next section: ”Ascom IP-DECT, v. 11.9.11”.  

  
 
Note: It is recommended to copy/paste passwords into a text file to have them handy when adding DECT users. 

 
These details for each DECT user/subscriber are required when configuring the Ascom IP-DECT Base Station: 
 

Cisco Webex Calling Ascom IP-DECT 

Line ID after the @ sign Domain 

Outbound Proxy Proxy 

Line ID before the @ sign Name 

SIP Username Number and Auth. Name 

SIP Password Password 
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Ascom IP-DECT, v. 11.9.11  

IP-DECT Base Station Configuration 

 
IP configuration is found under LAN > IP4. 
   

 
 

Add an NTP server under General > NTP. 
   

 
 
It is recommended to set the TLS profile to “Strict” in IP4 > TLS. 
   

 
 
Note: This profile enforces TLS version 1.2.  
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When using a NAT router, configure TCP keepalives by going to IP4 > Settings. 
   

 
 

The recommended TCP Keepalive interval is between 20 to 30 seconds.   
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VoIP Configuration – Secure Voice (TLS/SRTP) 

 
SIP/TLS settings are found under DECT > Master. 
   

 
 
Configure SRTP and codec settings by going to DECT > System.  
 

 
  
Ensure that “No On-Hold Display” and “Disable ICE” are checked. 

Note: The actual codec used during a call is dependent on negotiation between endpoints.  
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The root CA certificate needs to be trusted under General > Certificates.  
 

   
Note: This action is a requirement for registration of SIP endpoints. 

 
Advanced VoIP Configuration 

 
Advanced VoIP settings are found under Advanced > SIP. 
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User Configuration 

 
User details and settings can be found under Users > Users. 
   

 
 
Note: Names and numbers for each respective subscriber correspond to the Line ID’s and extensions in Webex 
Control Hub. Refer to the table on page 14. 
 
Verify user registrations under the same tab.  
   

 
 
Note: Unsuccessful registrations will be marked as “FAILED”. 
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Configuration of Supplementary Services 
 
Enable Supplementary Services under DECT > Suppl. Serv. 
 

 

Note: Message Waiting Indication (MWI) is not supported. 
 
These settings were used in the test environment. For further information about Ascom IP-DECT settings, please 

refer to our documentation.  
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Appendix B: Detailed Test Records 

Pass 

Fail 

Comments 

Not verified   

32 

  0 

16 

64 

112 

 

Please see attached Excel file for detailed test results. 

Refer to the test specification for steps related to each test case. 

Partners can request the test specification from interop@ascom.com . 

 

Document History 
 

PA1 2023-05-09 SEMW Initial draft. 

PA2 2023-05-15 SEMW Draft version for internal review. 

PA3 2023-05-24 SEMW Updated version after internal review. 

RevA 2023-05-29 SEMW Final version. 
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Test Results



				Test Report

												Date: April 12-April 28, 2023

												Location: Ascom Sweden

												Name:  Tested by Interop. team (Matthew Morley)



				Telephony Services								PASS				32

												FAIL				0

												NOT TESTED				64

												See Comments				16

				Test object - Client:												112		48

						Ascom IP-DECT R11, v. 11.9.11

																Client configuration:

																Login w/ endpoint number using Webex password (alpha-numerical line ID must also be name); Signaling protocol: SIPS (TLS)

																Codec: G711A/20ms (AMR-WB OK between DECT); SRTP: SDES/AES128-80

				Test object - IP PBX:												ICE OFF (indirect RTP), Hold on display OFF

						Cisco Webex Calling Multi-Tenant, R23/R24 BWKS (Fixed IP phone = PC running Webex app v. 43.4.0.25788, "Fixed non-IP"/PSTN phone = Not available in test system)										Message Waiting Indication (MWI): Not supported



																Note: DECT handsets require fix for "Chop-sound once per minute with narrowband speech" when on IPBS3 (d43, d63 v. 2.9.6+; d81 v. 4.11.6+; d41, d62 v. 4.8.19+)





						Test Case		Description		Section				Result		Comment

						5101.1		HS1 Pre-dials HS2		Basic Call				PASS		Name/number updates OK at A and B party (RTP: Local w/ ICE ON, Indirect w/ ICE OFF); AMR-WB OK between DECT handsets, both local and indirect RTP.

						5101.2		Fixed IP Phone Pre-dials HS2						See Comments		PARTIAL: DECT to Webex results in one-way audio. Workaround: ICE OFF (used thoughout testing, with caveat of indirect RTP between DECT handsets). Signalling and name/number updates OK.

						5101.3		Fixed non-IP Phone Pre-dials HS2						See Comments		PSTN not available

						5102.1		HS1 Pre-dials HS2, RFC2833		Basic Call, DTMF				PASS		DTMF tones heard at HS1 and HS2 (d63).

						5102.2		HS1 Pre-dials HS2, SIP INFO						NOT TESTED		N/A

						5102.3		HS1 Pre-dials HS2, Inband/G711						NOT TESTED		N/A

						5103.1		HS1 Ignores HS2		Basic call, no answer and call reject				PASS		Timeout 180s (def.)						NOT TESTED

						5103.2		HS1 Declines HS2						PASS		Busy tone heard at HS2						See Comment

						5104.1		HS3 Calls Busy HS1, case 1		Basic call, busy B party (invoke call waiting)				PASS		Name/number updates OK

						5104.2		HS3 Calls Busy HS1, case 2						See Comments		The same behaviour likely with Webex as IP-PBX: Unless 2 lines defined on IP-PBX, HS1 will indicate incoming call. When 2 lines defined for HS1, "Busy" on HS3.

						5105.1		PSTN Extension Calls HS1, case 1		Basic call, public extension, DTMF				NOT TESTED		PSTN not available (#5101.3)

						5105.2		PSTN Extension Calls HS1, case 2						NOT TESTED

						5105.3		HS1 Pre-dials PSTN Extension						NOT TESTED

						5105.4		HS1 Pre-dials PSTN Extension						NOT TESTED

						5106.1		PSTN Extension Declines HS1, case 1		Basic call, public extension, no answer and call reject				NOT TESTED

						5106.2		PSTN Extension Declines HS1, case 2						NOT TESTED

						5106.3		HS1 Declines PSTN Extension						NOT TESTED

						5106.4		HS1 Calls Busy PSTN Extension						NOT TESTED

						5106.5		PSTN Extension Calls Busy HS1						NOT TESTED

						5106.6		PSTN Extension Ignores HS1, No Answer						NOT TESTED

						5107.1		HS1 Pre-dials HS2		Basic Call, wideband audio				PASS		AMR-WB supported (w/ default compression options on Webex)

						5107.2		HS1 Pre-dials HS2		Basic Call, non-default port				NOT TESTED		N/A

						5107.3		HS1 Pre-dials HS2		Basic Call, SIP/TCP				NOT TESTED		N/A

						5108.1		HS1 Pre-dials HS2		Basic Call SIPS/SRTP				PASS		DECT to DECT OK; Root CA certs added to manually, SRTP: SDES/AES128-80

						5109.1		Call During DECT Master Failure		Basic call, Backup telephony master				See Comments		N/A, single DECT master setup throughout testing

						5110.1		HS1 Calls HS2 with Battery Removed (idle)		Portable with Removed Battery during Idle State				PASS		Webex spoken message: "Your call cannot be completed."

						5110.2		PSTN Extension Calls HS2 with Battery Removed (idle)						NOT TESTED

						5111.1		HS1 Calls HS2 with Battery Removed during Conversation		Portable with Removed Battery during call				PASS		"Hung up" on HS1 after a couple of seconds and disconnect

						5111.2		PSTN Extension Calls HS2 with Battery Removed during Conversation						NOT TESTED

						5112.1		HS1 Calls Switched-off HS2		Portable switched off				PASS		Webex spoken message: "Your call cannot be completed."

						5112.2		PSTN Extension Calls Switched-off HS2						NOT TESTED

						5113.1		HS1 calls HS2 for 10 min		Basic Call, Stability				PASS

						5113.2		Fixed phone calls HS2 for 10 min						PASS

						5113.3		HS1 Calls HS2, active for 1 hour (optional)						NOT TESTED

						5113.4		Fixed Phone Calls HS2, active for 1 hour (optional)						NOT TESTED

						5114.1		Verification of Call Procedure Mapping		Procedure mapping, configuration and management				NOT TESTED		N/A

						5115.1		Verfication of Procedure mapping in combination with R-Key/New Call		Procedure mapping in combination with R-Key/New Call				NOT TESTED		N/A

						5116.1		HS2 Holds/retrieves Call		Hold, retrieve, enquiry and brokering				See Comments		PARTIAL: Hold briefly showed on display. Workaround: Set hold on display to OFF. Otherwise name/number updates OK. MoH heard at HS on hold.

						5116.2		Fixed Phone Holds/retrieves Call						PASS		Name/number updates OK (Hold on display OFF).

						5116.3		HS3 Brokers Calls						PASS		Name/number updates OK (Hold on display OFF).

						5116.4		Fixed Phone Brokers Calls						PASS		No "switch", used Transfer and Consult first. Brokering OK.

						5117.1		HS1 Enquires/brokers Call, exceptional case		Hold, retrieve, enquiry and brokering – exceptional case				NOT TESTED		N/A

						5117.2		Fixed Phone Enquires/brokers Call, exceptional case						NOT TESTED		N/A

						5118.1		HS3 Transfers Call To HS1		Call transfer (attended transfer)				PASS		Name/number updates OK (Hold on display OFF). Webex PC as transferor (B) PASSED.

						5118.2		HS3 Transfers Call To PSTN Extension, case one						NOT TESTED

						5118.3		HS3 Transfers Call To PSTN Extension, case two						NOT TESTED

						5119.1		HS3 Blind-transfers Call To HS1		Call transfer before answer (unattended transfer)				PASS		Name/number updates OK (Hold on display OFF). Webex PC as transferor (B) PASSED.

						5119.2		HS3 Blind-transfers Call To PSTN Extension, case one						NOT TESTED

						5119.3		HS3 Blind-transfers Call To PSTN Extension, case two						NOT TESTED

						5120.1		HS3 Blind-transfers Call To HS1, Call Rejected		Call transfer before answer (unattended transfer), user C rejects the call				PASS		A party hears busy tone. No callback to transferor (B).

						5120.2		HS3 Blind-transfers Call To PSTN Extension, Call Rejected, case one						NOT TESTED

						5120.3		HS3 Blind Transfers Call To PSTN Extension, Call Rejected, case two						NOT TESTED

						5121.1		HS3 Semi-transfers Call To HS1		Call transfer before answer (semi transfer)				PASS		Name/number updates OK. DECT limitation: C party not updated with A until call accepted. (Hold on display OFF)

						5121.2		HS3 Semi-transfers Call To PSTN Extension, case one						NOT TESTED

						5121.3		HS3 Semi-transfers Call To PSTN Extension, case two						NOT TESTED

						5122.1		HS3 Semi-transfers Call To HS1, Call Rejected		Call transfer before answer (semi transfer), user C rejects the call				PASS		Call bounced back to transferor (B). Active call between A and B.

						5122.2		HS3 Semi-transfers Call To PSTN Extension, Call Rejected, case one						NOT TESTED

						5122.3		HS3 Semi Transfers Call To PSTN Extension, Call Rejected, case two						NOT TESTED

						5123.1		HS3 activates CCBS		Call Completion Busy Subscriber (CCBS)				NOT TESTED		N/A

						5124.1		HS3 Answers Waiting Call From HS2, case one		Call waiting – indication and answer				PASS		Name/number updates OK. MoH heard at HS on hold. (Hold on display OFF)

						5124.2		HS3 Answers Waiting Call From PSTN, case one						NOT TESTED

						5124.3		HS3 Answers Waiting Call From HS2, case two						PASS		Name/number updates OK. MoH heard at HS on hold. (Hold on display OFF)

						5124.4		HS3 Answers Waiting Call From PSTN, case two						NOT TESTED

						5125.1		HS3 Rejects Waiting Call From HS2		Call waiting – no answer				PASS		Name/number updates OK. 

						5125.2		HS3 Rejects Waiting Call From PSTN						NOT TESTED

						5125.3		HS3 Ignores Waiting Call From HS2						PASS		Name/number updates OK. 

						5125.4		HS3 Ignores Waiting Call From PSTN						NOT TESTED

						5126.1		HS1 Calls HS1		Call waiting – exceptional cases				PASS		HS1 hears busy tone (CW enabled)

						5126.2		HS4 Calls Busy On Both Lines HS1						See Comments		The same behaviour likely with Webex as IP-PBX: Unless 2 lines defined on IP-PBX, HS1 will indicate incoming call. When 2 lines defined for HS1, "Busy" on HS3.

						5126.3		HS2 Hangs Up and Answers Call Waiting From HS3						PASS		Name/number updates OK. 

						5126.4		HS1 Hangs Up and H2 Answers Call Waiting From HS3						PASS		Name/number updates OK. 

						5127.1		Activate/Deactivate CW		Cancel CW				PASS		Busy tone heard at HS3

						5128.1		Basic Call		Verification of in-call display texts in combination with TPS				NOT TESTED		N/A

						5128.2		Hold, Retrieve						NOT TESTED		N/A

						5128.3		Call Waiting						NOT TESTED		N/A

						5128.4		Brokering						NOT TESTED		N/A

						5128.5		Unattended/Blind Transfer						NOT TESTED		N/A

						5128.6		Attended Transfer						NOT TESTED		N/A

						5129.1		Activate/Deactivate CFU		Activate/Deactivate CFU				See Comments		Confirmed in Cloud IP-PBX/IPBS GUI, see also #5129.2 

						5129.2		Verify CFU, CLI and Ring Tone when Receiving an Internal Call						PASS		Local: Activate *21*<extn.>#; indication of CFx on diverted set, deactive #21# (Supplementary Services enabled), name/number OK; Portal (controlled by Cloud IP-PBX): Name/number info OK

						5129.3		Verify CFU, CLI and Ring Tone when Receiving an External Call						NOT TESTED

						5130.1		Activate/Deactivate CFNR		Activate/Deactivate CFNR				See Comments		Confirmed in Cloud IP-PBX/IPBS GUI, see also #5129.2 

						5130.2		Verify CFNR, CLI and Ring Tone when Receiving an Internal Call						PASS		Local: Activate *61*<extn.>#; deactive #61# (Supplementary Services enabled), name/number OK; Portal (controlled by Cloud IP-PBX): Name/number info OK

						5130.3		Verify CFNR, CLI and Ring Tone when Receiving an External Call						NOT TESTED

						5131.1		Activate/Deactivate CFB		Activate/Deactivate CFB				See Comments		Confirmed in Cloud IP-PBX/IPBS GUI, see also #5129.2 

						5131.2		Verify CFB, CLI and Ring Tone when Receiving an Internal Call						See Comments		Local: PARTIAL (single line requires CW enabled on Cloud IP-PBX); activate *67*<extn.>#; deactive #67# (Supplementary Services enabled), name/number OK; Portal (controlled by Cloud IP-PBX): PASSED, name/number info OK

						5131.3		Verify CFB, CLI and Ring Tone when Receiving an External Call						NOT TESTED

						5132.1		Activation of Diversion to Divertor		Activation of Diversion to Divertor				NOT TESTED		N/A

						5133.1		Verification of Answering Group Call		Initialise and Answer Group Call				See Comments		Sequential Ring configurable from User Portal (Webex Calling), tested with three handsets, PASSED.

						5133.2		Verification of Answering Group Call from Extension within the Group						NOT TESTED

						5133.3		Verification of Answering Group Call from Fixed Phone						NOT TESTED

						5133.4		Verification of Answering Group Call from PSTN Extension						NOT TESTED

						5133.5		Verification of Answering a blind transferred call to Group from fixed phone						NOT TESTED		N/A

						5134.1		Activate		Do Not Disturb				See Comments		PARTIAL: Works when set from HS or Do not Disturb Ext. checked on IPBS. Ascom issue: Do not Disturb Int. NOK. Busy tone heard at calling party. User portal (Webex Calling): PASSED

						5134.2		Receive Call						PASS		Local: Activated from handset, indication on HS; Portal (controlled by Cloud IPB): No indication on HS

						5134.3		Receive Call - Invoke Diversion						NOT TESTED

						5134.4		Deactivate						PASS

						5135.1		Verification of Dialling a "*" (star)		Abbreviated Dialling				NOT TESTED

						5136.1		Activate MWI (restart, counter)		Message Waiting Indication				See Comments		MWI not supported, notification sent as email or SMS. Voicemail not tested. 

						5136.2		Indication of MWI after Restart of IP-DECT Master (IP-DECT only)						NOT TESTED

						5136.3		Deactivate MWI						NOT TESTED

						5137.1		Active Busy Lamp Field		Busy Indication				NOT TESTED

						5138.1		Three-Party Conference Call		Conference Calls				See Comments		Local 3PTY not supported by IPBS. 3PTY initated by Webex PC PASSED.

						5139.1		HS1 Answers Concurrent Call		Concurrent Call				See Comments		Different feature: Simultaneous Ring configurable from User Portal (Webex Calling), tested with both two and three handsets, PASSED.

						5139.2		Fixed Phone Answers Concurrent Call						NOT TESTED

						5139.3		HS2 Calls HS1 when Fixed Phone is Busy						NOT TESTED

						5140.1		HS1 answers "break-in" call		Break-In/Barge-In				See Comments		Barge-in configurable from User Portal (Webex Calling). Not tested.

						5141.1		Verification of LDAP Inter-connectivity between PBX and IMS		LDAP Inter-connectivity				NOT TESTED

						5142.1		Verifying the Installation and Registration Process		Compatibility of Unified Communication Apps				NOT TESTED

						5142.2		Verifying basic call, HS2 calls HS1						NOT TESTED

						5142.3		Verifying basic call, HS2 calls Fixed IP Phone						NOT TESTED

						5142.4		Verifying Interactive Messaging, HS1 to/from HS2						NOT TESTED







