
M-MSS eases the migration from existing voice networks to IP-based multimedia networks. This is achieved by 
converging all network standards into a single distributed and highly available carrier-class platform. Within a 
carrier or service provider’s network, various technologies and network access standards can co-exist, allowing for 
the bundling of services and the ultimate goal of an all NGN IP network.

M-MSS can support multiple applications in a traditional tandem switched network along with multimedia 
services in an NGN IP network. This flexibility allows service providers to solve existing network requirements in 
a cost effective manner while offering them the opportunity to capture additional revenue streams through new 
services and the bundling of multiple services.

M-MSS Mobilis Multimedia Softswitch

Mobilis Networks Limited Leaders in Converged  MultimediaM-MSS

CONVERGE FIXED LINE, GSM, BROADBAND, WIRELESS, VOIP, IPTV, VOD & MORE THROUGH AN IP NETWORK

Platform Reliability
The M-MSS is delivered on NEBS 3 
compliant hardware that supports 
SS7 link redundancy, full IP 
messaging redundancy, database 
redundancy and geographic 
redundancy. 

Platform Scalability
The M-MSS is designed using a 
modular architecture to facilitate 
the deployment of additional 
hardware elements providing easy 
growth whilst maintaining the 
99.999% availability demanded by 
the industry. At the same time the 
architecture is optimized to meet 
the performance requirements 
of the most demanding network, 
supporting millions of BHCA across 
multiple M-MGW. The actual 
capacity is largely determined by 
the message processing mix on the 
platform implemented.

Standards based, fully distributable and 
highly scalable architecture

Provides a solution that grows with the network.��

Open architecture allows elements to be mixed with existing ��
infrastructure therefore minimizing cost

Offers flexibility in network design through geographic ��
distribution of components

Unified Management
Management of network elements in a single console��

Savings in training costs as only a single interface needs to ��
be learnt

Web based interface to all network elements allows remote ��
access for network operations

Industry standard application architecture
Built using Oracle and Java using standards-based IMS ��
architecture allows a seamless migration from, and 
integration into, existing systems

Multi-Service and access network agnostic
Single platform for tandem wireline/wireless, domestic/��
international services

Reduced CAPEX and OPEX by converging all access ��
technologies into a single solution

Multi-Protocol support including H.323, SIP, 
Diameter and SS7

Allows delivery and interconnection of services from the ��
traditional TDM networks to the NGN IP networks

Allows delivery of new multimedia services across the same ��
network

Allows the leveraging of new user device features without ��
becoming dependent on them

Traditional and NGN/IMS compliance allows services to ��
be delivered across the different access technologies onto 
different devices

Easy integration with charging solution
Flexible text-based CDR collection for NGN charging and ��
mediation solutions

Multimedia service delivery
Increase subscriber loyalty and reduced churn through the ��
delivery of new enhanced services

Additional revenue streams through combining services into ��
bundles for different market segments

New revenue streams through delivering IT services such as ��
consulting, outsourcing, integration and hosting



Media Gateway
The Mobilis Multimedia 
Gateway M-MGW acts as a 
translation service between the 
traditional and NGN networks, 
such as PSTN, GSM and IP. It 
supports media conversion and 
bearer control as well as media 
processing such as silence 
suppression.

SS7 (ITU & ANSI)

MTP (including China and Japan)��

SCCP (Class 0, 1, 2)��

TCAP��

MAP, ANSI-41��

CAMEL, WIN��

INAP, AIN��

ISUP (and different local national ��
variants)

PRI ISDN

NI2 - User and Network side��

DMS 250 - User side��

DMS 100 - User side��

Lucent 5ESS - User side��

Lucent 4ESS - User side��

Euro-ISDN - User & Network side��

JATE ISDN - User side��

IP Signalling

SIP: RFC3261��

SIGTRAN M3UA (AS)��

Host based third party vendor ��
H.323 is enabled

DSP Specifications

Three hours onboard voice ��
recording (temporary and 
permanent)

Network File System Storage ��
(NFS): Unlimited Network-
Attached Storage for voice files

128 conferences per DSP, 128 ��
conferees per conference, and 
max of 256 conferees per DSP

Tone detection: 512 receivers per ��
DSP chip

Tone generation: 512 per DSP ��
chip

672 concurrent announcements/��
play files

96 fax sessions (eight DSP chips)��

Echo cancellation (G.168) with ��
tail lengths up to 128 ms

Positive voice detection��

Answering machine detection��

VoIP Specifications

Selectable codecs: G.711, G.723.1, ��
G.726, G.729, iLBC, AMR, EVRC

Fax T.38��

DTMF relay��

Adaptive jitter buffer��

Echo cancellation��

Silence suppression��

Comfort noise generation��

Up to 1344 ports with only G.711 ��
and 1024 with codecs other than 
wireless codecs

Charging Collection Function
The Mobilis Charging Collection Function collects CDRs 
in real-time allowing both online and off-line charging. 
Full Diamater support is provided and the function can 
interoperate with SIP. All online charging information is 
provided to the external charging/billing system using the Ro 
(Diameter) interface.

Home Subscriber Service
Mobilis Home Subscriber Server (M-HSS) 
enables support for all subscriber and service 
profiles, authentication, and includes IMS 
Diameter, an IMS AAA Server, an HLR/AuC 
Function for 2G/3G and SS7/MAP all in 
an industry standard ATCA chassis using 
industry standard Oracle. It contains the 
subscriber’s IP Multimedia Public Identity 
(IMPU), IP Multimedia Private Identity (IMPI), 
International Mobile Subscriber Identity 
(IMSI), Mobile Subscriber ISDN Number 
(MSISDN) and other information.

Presence Application Service
Mobilis Presence Application Server (M-PAS) supports all 
IMS publisher proxies to the M-HSS, subscriber notification 
and event-state publication and Parlay X interfaces for 
interoperability between IMS UE and HTTP service clients in 
an industry standard ATCA chassis. It allows users to inform 
others of their availability to communicate.

Application Services
The Application Services module is the heart of the service 
delivery platform. It provides an architecture that allows 
service to be deployed that act as SIP Proxies, SIP User Agents 
(UA) or SIP Back to Back User Agents (B2BUA). The application 
services platform combines the delivery of services such as 
conferencing, IP-PBX, VoIP, call blocking, collect call with a 
Service Logic Execution Environment (SLEE) that can provide 
services such as IVR and IN services, toll free and collect 
calling.

Supported Services

User Services��

Call rejection (anonymous ��
and selective)

3-way calling��

Call Transfer (Blind & with ��
IVR)

Call waiting��

Call blocking��

Call holding��

Call Forwarding (Always, on ��
busy, on no answer, when 
unregistered

Caller hunting��

Caller ID notification and ��
blocking

Location independent ��
number

Message waiting notification ��
and indication

Multiple number��

Number portability��

Microsoft Exchange ��
integration

Push to talk (PTT)��

Network Services

Announcements��

Auto attendant��

Emergency number��

Lawful intercept��

Multi-party conference��

Unified messaging (SMS, ��
MMS, IM etc)

Voice Mail��

Device independent self-care ��
portal

NGN Services

Content Delivery��

WiFi and WiMAX ��
applications

Push to video (PTV)��

PTT, PTV, SMS and IM ��
integration with Presence

IPTV delivery��

Device agnostic embedded ��

advertising with content

Session Control Platform
P-CSCF
Proxy Call Session Control Function is a SIP 
proxy that is the first contact point for the 
user’s device. It can be located on the visited 
network when that network is IMS compliant 
or co-located on the home network when 
the visited network is not IMS compliant. It 
includes a Policy Decision Function (PDF) and 
Session Border Control (SBC), which authorizes 
media plane resources like quality of service 
(QoS) over the media plane. It is used for policy 
control, bandwidth management and enables 
the application layer to be access network 
agnostic. It inspects all messages and provides 
the information required for the CDRs.

I-CSCF
Interrogating Call Session Control Function is a 
SIP proxy that is located in the home network 
and determines the S-CSCF that the user should 
be registered with in conjunction with an 
M-HSS. When a user initiates a call it will setup 
the call in the receiving party’s network so the 
receiving party’s S-CSCF can be resolved.

S-CSCF
Serving Call Session Control Function is a SIP 
server that is the control point for registering 
users; it also controls services delivered to 
the registered users. It determines where SIP 
Application Server(s) messages should be 
forwarded and it enforces network policies. It 
sits on the path for all signaling messages and 
can therefore inspect all messages. Finally it 
communicates with the M-HSS to determine 
user authorizations, service triggering and 
profile information.
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