
SIP TRUNKING
SAVES YOU A BUNDLE.
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Overview

INVITE SIP Trunking brings next generation IP-based local and long distance calls directly to an office’s existing phone system, saving companies time and 
replacement costs. In addition to saving customers money, INVITE SIP Trunking exceeds the level of call quality that businesses typically expect from their 
phone service provider.

SIP Trunking has proven to increase return on investment and save companies money on local and long distance calling. On top of that, Invite SIP Trunking 
can be purchased one at a time. This allows your business to scale up or down as needed, which can result in reduced costs. It enable customers to take 
the calls that are important to their business while filtering out the interruptions so they can stay focused on what’s important – the clients.

Invite SIP Trunking Benefits
Not all SIP Trunking service providers are alike! Invite SIP Trunking is a truly unique solution that saves customers phone bill – without the necessity of 
replacing equipment.

+60 3 8084-1028 | sales@invite.my
No. 26 Pusat Perdagangan One Puchong, Jalan OP 1/3,

Off Jalan Puchong, 47160 Puchong, Selangor.

Our Packages
Product ST50 ST100 ST200 ST500

Monthly Commitment RM50 RM100 RM200 RM500

Direct Dial Number 1
(additional DID is RM5/DID)

2
(additional DID is RM5/DID)

4
(additional DID is RM5/DID)

10
(additional DID is RM5/DID)

Channels 2 5 10 15

Registration Fee WAIVED

Activation Fee WAIVED

Contract NO CONTRACT

Rate: Malaysia [Fixed & Mobile] RM0.13 / min RM0.13 / min RM0.12 / min RM0.11 / min

* Terms and Conditions apply.

SECURITY
• TopStop for each SIP 

Trunk
• Class of Service
• Channel Limitation

SCALABLE & FLEXIBLE
• Scale with your Business
• Easy and faster to add 

additional call capacity 
when and where you 
need it

COST EFFECTIVE
• Enjoy much lower rates
• Convergence of voice 

and data onto common 
all-IP connection

PROVISIONING
• Quick deployment
• Easy to add / increase 

lines (almost immediate)

COMPATIBILITY
• All SIP enabled devices & 

VoIP phones in accordance 
to the industry Standard 
Protocols

UNPARALLELED SERVICE
• The Invite Service team is 

available for any 
questions or setup needs


