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SS-VOIP-1 	SCOPE 
This specification covers the requirements for all Voice over Internet Protocol Telephony and faxing systems. 
The scope includes the design, development, supply, delivery, installation, testing and commissioning of computer-based telephony systems, particularly software applications, hardware, and network communication hardware and software, and the cabling thereof. The Voice over Internet Protocol (VOIP) scope deals with the use of electronic computers, computer software, and telecommunication services to allow internal and external voice and fax call capabilities within the scope of this project. 
Where the Contractor submits documentation to the Engineer for approval, the Contractor's still remains responsible to fully comply with the Scope of Work and Contractual Timeframes as well as the specifications, recommendations and best practices listed below. 
 
SS-VOIP-2 	STANDARDS 
SS-VOIP-2.1 	National and International Standards, Publications and Codes 
All material/equipment/work shall comply with the relevant current SABS, BSI and/or IEC standards. 
The latest edition at time of tender of the following National and International Standard, Publication and Codes shall be read in conjunction with these specifications. Materials, Equipment, Software and Work specified herein shall comply with: 
a) TIA/EIA-568-B 	: 	Commercial Building Telecommunications Cabling Standard; 
b) TIA/EIA-569-B 	: 	Commercial Building Standards For Telecommunications Pathways And 
	 	 	 	Spaces; 
c) TIA/EIA-606-A 	: 	Administration Standard for the Telecommunications Infrastructure of  
	 	 	 	Commercial Buildings; 
d) TIA/EIA-942  	: 	Telecommunications Standards for Data Centres; 
e) IEEE 802.3 	 	: 	Ethernet LAN; 
f) IEEE 802.11  	: 	Wireless LAN & Mesh; 
g) IETF Network Working Group RFC3261 	: 	Session Initiation Protocol (SIP) 
h) IETF Network Working Group RFC3550 	: 	Real-time Transport Protocol (RTP)) 
i) ITU-T Recommendation Q.700  	 	: 	Signalling System No. 7 (SS7) 
j) The Independent Communications Authority of South Africa Act 13 of 2000; 
k) National Electronic Communications and Transactions Act 25 of 2002; 
l) National Electronic Communications Act 36 of 2005; and 
m) National State Information Technology Agency Act 88 of 1998. 
 
SS-VOIP-2.2 National and International Published Recommendations, Standards and Best Practices published by Industry Groups 
Over and above the specifications listed in SS-VOIP-2.1, the Contractor must also adhere to recommendations, standards and best practices published by industry groups representing the majority of large software vendors, hardware manufacturers and system integrators. This paragraph list the specific applicable industry groups and the Contractor must confirm compliance to the recommendations, standards and best practices as published by these industry groups to the Engineer. 
 
a) Internet Engineering Task Force (IETF, www.ietf.org) 
The Internet Engineering Task Force (IETF) is a large open international community of network designers, operators, vendors, and researchers concerned with the evolution of the Internet architecture and the smooth operation of the Internet.  
 
b) International Telecommunication Union - Telecommunication Standardization Sector (ITU-T) 
The ITU-T mission is to ensure the efficient and timely production of standards covering all fields of telecommunications on a worldwide basis, as well as defining tariff and accounting principles for international telecommunication services. The international standards that are produced by the ITU-T are referred to as "Recommendations" (with the word ordinarily capitalized to distinguish its meaning from the ordinary sense of the word "recommendation"), as they become mandatory only when adopted as part of a national law. Since the ITU-T is part of the ITU, which is a United Nations specialized agency, its standards carry more formal international weight than those of most other standards development organizations that publish technical specifications of a similar form. 
 
SS-VOIP-2.3 	Local Codes, Standards and Regulations 
This document is not a substitute for any code, standard or regulation. The Contractor must be aware of local codes that may impact the bid submittal or execution of the project. The current revision of any applicable code, standard, or regulation shall take precedence at the point of project execution, unless otherwise recognized by local authorities. Applicable standards or codes that affect construction, which are listed as normative references within any governing document, are also the responsibility of the Contractor for compliance. 
 
SS-VOIP-3 	DEFINITIONS AND ABBREVIATIONS 
SS-VOIP-3.1 	Definitions 
a) Analogue Telephone Adapter (ATA) a device used to connect one or more standard analogue telephones to a digital telephone system. 
b) Automated Attendant (virtual receptionist) allows callers to be automatically transferred to an extension without the intervention of an operator. 
c) Basic Rate Interface an ISDN configuration providing two bearer channels (64kbps each) used for voice and user data and 1 data channel (16kbps) used for signalling. 
d) Call Accounting (call logging system) 
the recording and costing of all calls made by the telephone system 
e) Call authorisation by pin code authorises outgoing calls from a handset by asking the user to enter a valid pin f) Call conferencing a telephone call that allows more than one called party to participate in the telephone conversation. 
g) Call Detail Records (CDR) a data record produced by a telephone exchange or other telecommunications equipment documenting the details of a phone call that passed through the facility or device. h) Call forwarding allows incoming telephone calls to extensions or trunk numbers to be forwarded to a third party which may be a mobile phone, voicemail box or any other telephone number. i) Call parking allows a telephone conversation with a person to be put on hold and then be continued at any other extension. 
j) Call Pickup allows a user to answer a call to another extension. 
k) Call Queues a telephone system feature that queues incoming calls in a First In, First Out order, and distributes them to agents as they become available. 
l) Call Transfer a feature that enables a user to relocate an existing call to another phone or automated attendant by dialing the number of the other phone. 
m) Call waiting a feature that allows a calling party to place a call to an extension that is currently engaged. The called party has the option to suspend (place on hold) the current call and answer the new incoming call. 
n) Configurable Call Routes the ability to route calls differently based on variables such as the calling number, called number, cost or time of day. 
o) Direct Inward Dialing (also Direct Dial In) 
Direct Inward dialing (DID) or Direct Dial-In (DDI) is a feature that allows a range of geographical area numbers to be allocated to a trunk line. All calls to these numbers are then forwarded by the PABX to a configurable destination which often is a telephone extension. p) Do Not Disturb a feature that allows a user to prevent calls from ringing on his extension. It also includes the ability to redirect the incoming calls to another number or voicemail box. q) Erlang (E) a unit used as statistical measure of the load on a telephone network. In terms of this document defined as the average number of concurrent calls carried over a network calculated over an hour. 
r) Erlang B formula a formula that describes the probability of call loss on a group of extensions or trunk lines. 
When the blocking probability and busy hour traffic is known the formula can be used to calculate the number of lines required to provide a suitable service. 
 
s) Foreign Exchange Office (FXO) 
A telephone signalling interface that receives a POTS service. 
t) Foreign Exchange Station (FXS) 
A POTS telephone interface that supplies battery power, provides dialtone and generates ringing voltage. A device that connects to an FXS interface has an FXO interface (for example a telephone handset). 
u) Follow-Me Facility a feature that routes calls to a specific person to numbers on a pre-configured list. Each number on the pre-configured list is dialled until the call is answered or the list is exhausted at which time the call is routed to either a voicemail box or other call attendant. v) Grade of Service the probability of a call in a circuit group being blocked or delayed for more than a specified interval with reference to the busy hour traffic.  
w) Interactive Voice Response a system that allows a PBX to interact with callers through the use of voice and/or DTMF keypad inputs. Callers to the IVR can service their own inquiries by following the IVR dialogue. The IVR responds with pre-recorded or dynamically generated audio that directs callers how to proceed. 
x) IP-PBX 
An Internet Protocol Private Branch Exchange is a business telephone system designed to deliver voice or video over a data network and interoperate with the normal Public Switched Telephone Network. 
y) Integrated Service Digital Network a set of communications standards for the digital transmission of voice, video and data over the traditional circuits of the public switched telephone network. z) Jitter 
A measure of the variability over time of the packet latency across a network.  
aa) Jitter Buffer 
A buffer that aims to reduce the impact of jitter on voice communications over an IP network by queuing the packets for a small period of time. 
ab) Latency a measure of the time delay experienced when sending a packet of data over a network from the source to the destination that receives it and back. 
ac) Loop-start Signalling a supervisory signal given by a telephone or PBX in response to the completion of the loop circuit (commonly referred to as “off-hook”). 
dd) Line Interfaces (also Line Card) 
A modular electronic interface to the Public Switched Telephone Network or the Internal telephone network. ee) Mean Opinion Score 
a numerical indication of the quality of a voice network. MOS is generated by averaging the results of a set of standard, subjective tests where a number of listeners rate the audio quality of test sentences read aloud over the communications medium being tested. The MOS is the mean of all the individual scored and range from 1 (worst) to 5 (best). 
 
af) Music on Hold a feature that plays music or other audio to the caller while he is placed on hold. 
ag) Packet Loss occurs when one or more of the packets of data sent over a network does not reach its destination. 
ah) Primary Rate Interface an ISDN configuration that provides 30 bearer channels (64kbps) that can be used for voice and data and 1 (64kbps) data channel that is used for signalling. 
ai) Public Address Voice Paging the transmission of voice communications to one or more loudspeakers located throughout a building or area. The Public Address loudspeakers are often amplified and microphones may also be included to facilitate two-way communication. 
aj) Quality of Service refers to several aspects of telephony and computer networks that allow the transport of traffic with special requirements such as service response time, packet loss, echo etc. 
ak) Session Initiation Protocol a signalling protocol used for controlling communication sessions such as voice and video calls over the Internet Protocol. 
al) Trunk Line a circuit using technologies such as ISDN or SIP connecting the PBX to a carrier (service provider) network. 
	mm) 	Voicemail 
allows callers to leave a voice message should a called party not be available. The voice message is stored on the system until the called party has the opportunity to retrieve the message whereafter he may perform an action on the message such as saving or deleting it. 
an) Voice over IP refers to the communication protocols, technologies, methodologies and transmission techniques involved in the delivery of voice communications over Internet Protocol based networks. 
ao) Telephone Hot Desking a feature that allows users make and receive calls from any one of a group of shared telephones and retain attributes such as their number, voicemail and group memberships. Users log into these shared phones by means of a unique pin code that identifies the agent and activates the telephone for use. 
 
SS-VOIP-3.2 	Abbreviations 
 	ADSL 	Asymmetric Digital Subscriber Line 
	 	ATA 
	Analogue Telephony Adapters 

	 	BRI 
	Basic Rate Interface 

	 	COTS 
	Commercial Off the Shelf 

	 	CLI 
	Caller Line Identity 

	 	DECT 
	Digital Enhanced Cordless Telephone 

	 	DDI 
	Direct-Dial In 

	 	DID 
	Direct Inward Dial 

	 	DND 
	Do Not Disturb 

	 	DTMF 
	Dual-tone Multi-Frequency 

	 	ETSI 
	European Telecommunications Standard Institute 

	 	FXO 
	Foreign Exchange Office 

	 	FXS 
	Foreign Exchange Station 

	 	GoS 
	Grade of Service 

	 	GSM 
	Global System for Mobile Communications 

	 	ICASA 
	Independent Communications Authority of South Africa 

	 	IP 
	Internet Protocol 

	 	IP-PBX 
	Internet Protocol Private Branch Exchange 

	 	ISDN 
	Integrated Services Digital Network 

	 	ITU 
	International Telecommunication Union 

	 	IVR 
	Interactive Voice Response 

	 	LAN 
	Local Area Network 

	 	LCD 
	Liquid Crystal Display 

	 	LDAP 
	Lightweight Directory Access Protocol 

	 	MOS 
	Mean Opinion Score 

	 	PA 
	Public Address (or Public Announcement) 

	 	PABX  
	Private Automatic Branch Exchange 

	 	PC 
	Personal Computer 

	 	POTS 
	Plain Old Telephone System 

	 	PRI 
	Primary Rate Interface 

	 	PSTN 
	Public Switched Telephone Network 

	 	QoS 
	Quality of Service 

	 	SIP 
	Session Initiation Protocol 

	 	SNMP 
	Simple Network Management Protocol 

	 	VoIP 
	Voice over Internet Protocol 


 
SS-VOIP-4 	INTERNAL NETWORK REQUIREMENTS 
All network cabling shall be done according to the STANDARD SPECIFICATIONS: INFORMATION AND COMMUNICATION TECHNOLOGY. 
 
SS-VOIP-5 	VOIP HARDWARE 
SS-VOIP-5.1 	IP-PBX Hardware 
1) General 
a. All IP-PBX hardware shall have valid ICASA type approval; 
b. IP-PBX hardware shall be rack-mountable in a standard 19 inch communications rack; 
c. The IP-PBX shall be scalable both in terms of the number of extensions and number of line interfaces available to the system; 
d. The IP-PBX shall be based on open standards; 
e. The IP-PBX hardware (such as line cards and power supply) should be modular and replaceable or upgradeable as required; 
f. The IP-PBX shall be fully grounded as per the manufacturer’s specification; 
g. Electrical power to the IP-PBX shall only be supplied by Uninterruptible Power Supply; and 
h. The IP-PBX and all incoming trunk lines shall be supplied with a suitable surge protection device. 
 
2) Features 
a. The IP-PBX shall have at least the following call features 
a.i. Automated attendant; 
a.ii. Call accounting; 
a.iii. Call authorisation by pin code; 
a.iv. Call conferencing; 
a.v. Call forwarding; 
a.vi. Call parking; 
a.vii. Call pickup; 
a.viii. Call queues; 
a.ix. Call recording; 
a.x. Call transfer; 
a.xi. Call waiting; 
a.xii. Direct Inward Dialing (DID) with call routing to specified extension; 
a.xiii. Do Not Disturb (DND) function; 
a.xiv. Follow-me facility; 
a.xv. Fully configurable call routes; 
a.xvi. Interactive voice response; 
a.xvii. Music on hold; 
a.xviii. Public Address Voice Paging; 
a.xix. Voicemail; and 
a.xx. Telephone hot-desking capability with agent login by pin or password. 
 
b. The IP-PBX shall have at least two Ethernet LAN interfaces for connecting to the network; 
c. The IP-PBX should have secure, remote management and monitoring capabilities that allows full control over the IP-PBX and its configuration; 
d. The IP-PBX shall be SNMP v3 compliant; 
e. The IP-PBX shall have a backup and restore facility for its configuration, voicemail and call detail records as well as call recordings; 
f. The IP-PBX should have full support for analogue and VoIP handsets; 
g. If the IP-PBX supports FXO or FXS trunk lines the IP-PBX shall have full hardware echo cancellation; and 
h. The IP-PBX shall have as a minimum have a configurable jitter buffer of between 0 and 150ms for VoIP calls. 
 
3) IP-PBX line Interfaces 
Unless otherwise specified the following line interfaces shall be supported by the IP-PBX: a. SIP 
a.i. The SIP packet interface shall be fully SIP RFC 3261 compliant. 
b. POTS 
b.i. The IP-PBX shall support both FXO and FXS analogue line interfaces; 
b.ii. FXO and FXS interfaces shall support the loop-start signalling system; and 
b.iii. FXO and FXS interfaces shall support DTMF as specified in ITU-T Q.23. c. ISDN 
c.i. ISDN line interfaces shall be Basic Rate Interface (BRI) or Primary Rate Interface (PRI) ISDN; and 
c.ii. ISDN line interfaces should be European Telecommunications Standards Institute (ETSI) 300-102 compliant and also conform to ITU-T Recommendations Q.931 and Q.291 
 
4) IP-PBX Capacity 
a. The IP-PBX shall be supplied with 20% more capacity (in seats or extensions) than currently required; 
b. The IP-PBX shall be supplied with 30% more line interfaces of each type than required except in the case of ISDN-PRI;  
c. The IP-PBX shall be considered at full capacity when either  
c.i. The amount of available extensions is less than 5% of the total number of extensions; or 
c.ii. The available amount of line interfaces is less than %. 
d. The IP-PBX shall be capable of expanding both its call capacity and line interface capacity through the addition of internal hardware and/or connected gateways; and 
e. Additional hardware and gateways used to increase the IP-PBX capacity shall be of the same type and specification. 
 
5) Supported Codecs 
a. The IP-PBX should support at least the following voice codecs for VoIP based calls: 
a.i. ITU G.711 a-law and u-law; and 
a.ii. ITU G.729 
b. The preferred codec for SIP trunk interfaces shall be ITU G.729; 
c. The IP-PBX shall be supplied with all required licenses for the duration of the contract for every: 
c.i. SIP trunk line; 
c.ii. Extension; and 
c.iii. Codec. 
d. Proprietary codecs will not be accepted. 
 
SS-VOIP-5.2 	VoIP Handsets 
1) All VoIP handsets supplied shall be SIP RFC3261 compliant; 
2) All VoIP handsets shall have ICASA type approval; 
3) VoIP handsets shall be capable of being powered over the Ethernet and be IEEE 802.3af compliant; 
4) VoIP handsets shall have an automatic service provisioning feature that will allow “plug and play” installations. This should primarily be done through the use of DHCP; 
5) VoIP Handsets shall have two Ethernet Network interfaces with a built-in switch to allow the phone to share the network connection with a PC or other network hardware; 
6) VoIP Handsets shall support all call features and codecs provided by the IP-PBX. It is the responsibility of the contractor to ensure that he/she selects the VoIP Handsets according to the IP-PBX features and requirements; 
7) All VoIP handsets shall have an LCD display capable of displaying call information, caller line identity and address book information; 
8) The handset shall be capable of retrieving address book and call information via the Lightweight Directory Access Protocol (LDAP); and 
9) All VoIP handsets for Executive, Secretarial, and Call Centre staff will have the following additional features: 
a. Programmable key set that can be expanded with additional keys as necessary; 
b. Busy lamp field indicator that shows busy lines; 
c. LCD display capable of displaying call information, caller line identity and address book information; and 
d. Computer telephony integration that allows for the following functions: 
d.i. Automatic dialing and computer controlled dialing from the user`s personal computer; and 
d.ii. Telephone call control including call answer, call disconnect, call hold and conference call and control of other call features such as do not disturb or call forwarding. 
 
SS-VOIP-5.3 	Wireless VoIP handsets and basestations 
1) All wireless VoIP handsets shall be based on the Digital Enhanced Cordless Telecommunications (DECT) Standard; 
2) Unless otherwise specified all wireless VoIP handsets should have the same features as corded VoIP handsets; 
3) All wireless VoIP DECT basestations shall support DECT repeaters; 
4) All VoIP DECT basestations should be wall or ceiling mounted in a suitable position; 
5) All VoIP DECT basestations shall be able to carry at least eight concurrent calls and support at least 15 handsets; 
6) All VoIP DECT basestations shall have at least one Ethernet Network interface; 
7) All VoIP DECT basestations shall support the ITU G.711 voice codec; 
8) All VoIP DECT basestations shall have a rated coverage area of at least 50m when placed indoors and 100m when placed outdoors; 
9) All DECT handsets shall be supplied with charging cradles; and 
10) All DECT handsets shall provide a battery talk-time of at least 8 hours and standby time of 100 hours. 
 
SS-VOIP-5.4 	Telephone Headsets 
1) Where required, VoIP handsets shall be supplied with compatible corded or cordless headsets; 
2) All headsets shall include a microphone; 
3) All headsets shall have the ability to answer and disconnect calls remotely, on the headset; 
4) All headsets shall have built-in call volume control; 
5) Wireless headsets shall be rechargeable and supplied with a charging cradle; 
6) Wireless headsets shall use the DECT standard; 
7) Wireless headsets shall have a continuous talk time of more than 5 hours without recharging; and 
8) Headsets shall be supplied with a compatible handset lifter that will automatically lift the handset when receiving a call on the headset and returns it to the cradle after the call completes. 
 
SS-VOIP-5.5 	Conference Telephones 
1) All conference telephones shall be SIP RFC3261 compliant; 
2) All conference telephones shall support the ITU G.711 voice codec; 
3) All conference telephones shall have at least on Ethernet Network Interface; 
4) All conference telephones shall be capable of being powered over Ethernet and be IEEE 802.3af compliant; 
5) All conference telephones shall support call conferencing between four or more participants; 
6) All conference telephones shall have built-in microphones with the option to add external microphones as required; and 
7) All conference telephones shall have full call control (dial, hang up, mute and volume control) and also a numeric keypad for dialling. 
 
SS-VOIP-5.6 	VoIP Emergency Phone/Information Intercoms 
1) All VoIP Emergency Phone/Information Intercoms supplied shall be SIP RFC3261 compliant. 
2) All VoIP Emergency Phone/Information Intercoms shall have ICASA type approval. 
3) VoIP Emergency Phone/Information Intercoms shall be capable of being powered over the Ethernet and be IEEE 802.3af compliant. 
4) All VoIP Emergency Phone/Information Intercoms shall be clearly identifiable for purpose. 
5) All VoIP Emergency Phone/Information Intercoms shall be stainless steel and vandal proof. 
6) All VoIP Emergency Phone/Information Intercoms shall be rated (after installation) for an ingression protection rating of IP43. 
7) VoIP Emergency Phones/Information Intercoms should allow handsfree operation. 
8) All VoIP Emergency Phones/Information Intercoms shall have a configurable call timer. 
9) All VoIP Emergency Phones/Information Intercoms shall have a single, clearly labelled call button that connects the caller to the operator. 
10) All VoIP Emergency Phones/Information Intercoms shall be capable of receiving and answering calls from any other telephone. 
 
SS-VOIP-5.7 	Analogue Telephony Adapters (ATA) 
1) Where analogue telephony adapters are used, the ATA shall; 
a. have hardware echo cancellation; 
b. be SIP RFC3261 compliant; 
c. have the applicable number of FXO or FXS ports; 
d. have remote monitoring and configuration ability; and 
e. Support the ITU T.38 recommendation for transmission of faxes over IP networks. 
 
2) Analogue telephony adapters shall have at least one Ethernet network interface; 
3) Analogue telephony adapters shall support the G.711 voice codec; and 
4) All analogue telephony adapters shall be neatly wall mounted in a suitable location. 
 
SS-VOIP-5.8 	IP based GSM Gateways 
1) All GSM gateways should be IP based and conform to the SIP RFC3261 specifications; 
2) IP based GSM gateways shall have a minimum of two GSM channels; 
3) IP based GSM gateway shall support all GSM bands including the 850/900/1800 and 1900MHz bands; 
4) The IP based GSM gateway shall have an external antenna connector that will allow an external GSM antenna to be connected; 
5) The IP based GSM gateways shall have remote monitoring and configuration capabilities; 
6) IP based GSM gateways shall support the ITU G.711 and G.729 voice codecs; 
7) IP based GSM gateways shall have at least one Ethernet network interface; 
8) IP based GSM gateways should be supplied populated with SIM cards from different Mobile Network Providers; and 
9) The IP based GSM gateway should have a configurable onboard least cost routing feature.  
 
SS-VOIP-5.9 	IP based Public Address Systems 
1) All Public Address (PA) systems shall be IP based and conform to the SIP RFC3261 specifications; 
2) The IP based PA system should have at least a 4W built in power amplifier capable of driving a loudspeaker, or a pre-amplifier output for connecting to an external power amplifier where external amplification is required; 
3) The IP based PA system shall support at least the ITU G.711 voice codec; 
4) The IP based PA system shall have at least one Ethernet network interface; 
5) The IP based PA system shall have configurable volume levels; 
6) It shall be possible to activate the IP Based PA system from any VoIP handset authorised to use it; and 
7) The IP based PA system shall allow for the paging of multiple extensions at the same time. 
 
SS-VOIP-6 	VOIP SOFTWARE 
SS-VOIP-6.1 	Telephone Call Management Software 
1) Telephone call management software shall be installed that is compatible with the IP-PBX; 2) The telephone call management software shall have the following features: 
a. Generate reports on extensions, users, departments, and trunk lines; 
b. Reports that detail the time and date, user, extension used, duration of the call and the cost of the call; 
c. The ability to send scheduled reports automatically by e-mail; and 
d. Fully configurable call costs including per minute and per second billing. 
3) The telephone call management software shall be supplied fully licensed for the duration of the contract. 
 
SS-VOIP-6.2 	SIP Soft Phones 
1) Soft phones shall be fully SIP RFC 3261 compliant; 
2) Soft phones shall be compatible with the Microsoft Windows Operating System, Apple Mac OS, or Linux-based Desktop systems; 
3) Soft phones shall be supplied fully licensed for the amount of extensions required; 4) Soft phones shall have the following features: 
a. Do Not Disturb; 
b. Mute; 
c. Call transfer; and 
d. Call hold. 
5) The soft phones shall be supplied with a compatible headset that includes a microphone; 6) SIP Soft Phones shall support the following voice codecs: 
a. ITU G.711 
b. ITU G.729 
 
SS-VOIP-6.3 	IP Call Compression and Quality of Service Software 
1) Call Compression and Quality of Service solutions shall only be considered if it is an end-to-end solution (from the PBX to the SIP Service provider). 
 
SS-VOIP-7 	TRUNK LINE SERVICES AND CAPACITY 
SS-VOIP-7.1 	General 
1) All trunk services should be provided with Geographical Area Numbers only (no 086 or 087 numbers unless specifically instructed by the Engineer to do otherwise); 
2) All Geographical Area Numbers shall be portable to a different carrier and only carriers that can port numbers shall be selected to provide service; 
3) Where Direct Dial In number services are provided the number ranges shall be contiguous and of sufficient size; 
4) If the trunk service is unavailable due to failure, all calls should automatically be forwarded via the other trunks; 
5) All trunk services shall have Caller Line Identity (CLI) enabled and active; and 
6) All trunk services shall on request be able to supply detailed call records for that specific trunk. 
 
SS-VOIP-7.2 	SIP Trunk  
1) The SIP trunk service shall be SIP RFC 3261 compliant; 
2) The SIP trunk shall have a suitable number of channels available for concurrent calls; 3) The SIP trunk should support the following voice codecs: 
a. ITU G.711 a-law and u-law 
b. ITU G.729 
4) The SIP carrier shall support ITU T.38; 
5) The internet connection to the SIP Trunk provider, must: 
a. Have a latency of no more than 65ms; and 
b. Have a jitter of no more than 10ms. 
 
SS-VOIP-7.2 	Trunk Line Capacity 
1) Trunk line capacity shall be calculated according to the Erlang B traffic model; 
2) It is the responsibility of the contractor to supply the Engineer with all calculations before the final trunk line procurement occurs; 
3) An Erlang shall be defined as the average number of concurrent calls carried over a trunk service calculated over an hour; 
4) Busy hour traffic shall be measured in Erlangs during the busiest hour; 
5) Blocking percentage (Grade of Service) shall be set at no more than 1% (or .01) of calls during the busy hour; 
6) The trunk line channel capacity as determined by the Erlang B traffic model shall be used to determine the required bandwidth needed by the SIP trunk; 
7) Every channel of the SIP Trunk shall be calculated to consume the following amount of bandwidth: 
a. For the G.711 Codec – 87.2 Kbps; and 
b. For the G.729 Codec – 31.2 Kbps. 
 
SS-VOIP-8 	QUALITY OF SERVICE 
SS-VOIP-8.1 	General Quality of Service Standards 
1) The following QoS standards shall be met at all times for Voice Communications over IP 
a. Packet loss of no more than 1% at any time; 
b. Packet latency of no more than 65ms at any time; 
c. Jitter of no more than 10ms; and 
d. Jitter buffers add to the packet latency and shall be set at no more than 50ms. 
2) The entire local network shall be configured to give priority to voice packets (for both the signalling and audio channel) over other IP traffic; 
3) The network shall be configured to give VoIP traffic guaranteed bandwidth. The bandwidth requirements shall be calculated by using the Erlang B traffic model to determine the amount of concurrent VoIP calls. For every concurrent call the following amount of bandwidth shall be reserved: 
a. For the G.711 Codec – 87.2 Kbps; and 
b. For the G.729 Codec – 31.2 Kbps. 
 
SS-VOIP-8.2 	Quality of Service Measurement 
1) The Quality of Service shall be measured using the Mean Opinion Score test as specified by ITU-T recommendation P.800; and 
2) The Mean Opinion Score for VoIP shall be more than 3.5. 
 
SS-VOIP-9 	PAYMENT ITEMS 
SS-VOIP-9.1 	GENERAL 
1) All items listed in the Bills of Quantities are re-measurable items. All items will be measured at each payment certificate and only the measured installed quantity/amount will be paid for; 
2) The Bill of Quantities form part and must be read in conjunction with the specifications and drawings which contain the full description of the work to be done and materials and equipment to be used. The aforementioned information shall be used to guide in the pricing of the Bill;  
3) Wastage of re-measurable items shall be for the cost of the Contractor; 
4) Quantities that needs to change for installation purposes that exceed 20%, needs written approval from the Engineer before supply and/or installation may occur; 
5) All civil works will be done according to the COLTO specifications unless instructed otherwise by the Engineer. Where this specification contradicts that of the COLTO specification, the COLTO specification shall take precedence unless instructed otherwise; 
6) The Bill of Quantities total submitted shall be in respect of the quantities set out in the bill, although Tenderers shall be required to make assessment of items such as fixings, etc from details as stated in the Bill and Specifications and shall include in the item supply and install rates prices for such small installation materials as are required for the complete installation in accordance with the Specification; 
7) The supply and installation cost of any item shall be fully included in the unit rates provided; 
8) Where line items in the Bill call for the “Supply” of equipment, component, item, and/or service, the following is deemed to be included, unless specified otherwise: 
c. The ordering of equipment, component, item, and/or service compliant to this specification; 
d. The payment thereof (including all license/registration fees required for the item in question to be functional and/or operational for the duration of the project); 
e. The payment of any import taxes if applicable; 
f. The transportation thereof to the Contractor’s premises; 
g. The secure storage – and guarding - thereof at the Contractor’s premises; 
h. The Factory Acceptance Testing according to Manufacturer’s and/or Engineer’s requirements at the Contractor’s premises; 
i. The delivery of the equipment to site (the site refers to the location of this project, and can only occur after successful completion of the Factory Acceptance Testing; 
j. The insurance thereof until Site Acceptance Testing; and 
k. The warranty for the equipment/component for a minimum of 1 year unless specified otherwise. 
9) Where line items in the Bill call for the “Installation” of equipment and/or services, the following must be included unless specified otherwise: 
a. The obtaining of the Manufacturer’s installation instructions; 
b. The loading, transportation and off-loading at  the point of installation; 
c. The installation and installation supervision, according to Manufacturer’s installation instructions; 
d. Where the equipment and/or service is a sub-component of a larger system/component/assembly, the “installation” shall cater for the integration of the subcomponent into the larger system/component/assembly; 
e. Unless specified on another line item within the bill of quantities the configuration of electronic  equipment shall be included in this item as it needs to be for enabling the final functionality as required within the scope of work; 
f. The Site Acceptance Test according to the Manufacturer’s instructions and this specification. 
10) Where line items in the Bill call for “Sundry Installation Material” of equipment, component, item, and/or service, the following must be included unless specified otherwise during the “installation” if required: 
a. Glue/Epoxy/Adhesive/Sealants/Builder’s Foam; 
b. Chicken Wire; 
c. Fittings to affix or align the equipment into the specified enclosure and/or position; d. Mounting brackets; 
e. Wiring under 50cm; 
f. Screws / anchor-bolts; 
g. Drilling of screw/anchor bolt holes; and 
h. Stencils, road marking paint, applicators. 
 
SS-VOIP-10 	PLANNING 
1) The Contractor shall use PMBOK, Prince or Ten Step project management methodology for planning; 
2) The Contractor shall submit all project management documentation including a detailed project schedule to the Engineer for acceptance prior to the commencement of any work. The Contractor remains responsible for completing the Scope of Work within the Contractual Timeframe; 
3) On commencement of the work, the project schedule shall be base-lined and a full base-line deviation report shall be submitted to the Engineer on a bi-weekly basis; 
4) The project schedule shall be provided to the Engineer in Microsoft Project 2007 format; 
5) All activities required for the full implementation of the Scope of Works will be included in the project schedule; 
6) All software development related activities shall be included in the project schedule; 
7) Individually Named Resources shall be allocated to each activity and the project schedule shall be resource levelled to prevent other utilisation of resources; 
8) Activity durations shall enable management of the project schedule by the Contractor on a day to day basis; and 
9) All external dependencies shall be clearly indicated as milestone tasks. 
 
SS-VOIP-11 	QUALITY PLAN 
SS-VOIP-11.1 	General Quality Plan 
1) Prior to the commencement of any work the Contractor shall submit a detailed quality plan in accordance with ISO 9000 to the Engineer for approval. No work shall commence until approval of the detailed quality plan has been obtained from the Engineer. 
2) The Quality Plan and associated Quality Assurance Procedures will address (but not be limited to) the following: 
a. Full System Design Specifications; 
b. Procurement & Supply; 
c. In-House Development Testing; 
d. Factory Acceptance Testing; 
e. Site Acceptance Testing; 
f. Commissioning; 
g. Compliance Matrix Tracking; 
h. Documentation and Revision control; 
i. Software Configuration Control; 
j. Meta/Base Data, Meta/Base Data Control and Default settings; k. Training; 
l. Network, Hardware and software first, second and third line maintenance; 
m. Defects and defect tracking/resolution; 
n. Disaster Recovery Planning; and 
o. Backup Policies. 
 
SS-VOIP-11.2 	VoIP equipment acceptance tests 
1) PBX equipment shall undergo the following acceptance tests: 
a. Call Features Test; 
b. Call Load Test; 
c. Call Quality Test (End to End); 
d. Call Routing Test; 
e. Call Signalling Test; 
f. Trunk Capacity Test; 
g. Trunk Failover Test; 
h. The testing software/hardware used to perform these tests will require approved from the Engineer; and 
i. It is the responsibility of the Contractor to execute, document and facilitate these tests. 
	2)	VoIP Handsets shall undergo the following acceptance tests: 
a. Call Features Test; 
b. Call Quality Test; and 
c. Dialling Test. 
 
SS-VOIP-11.3 	Test equipment 
1) It is the Contractor's responsibility to provide all test equipment needed to execute the tests as required in this specification. 
 
SS-VOIP-12 	DOCUMENTATION 
SS-VOIP-12.1 	Test documentation 
1) All test results are to be saved electronically on CD. Two sets of CDs shall be provided, one for the Client and one for the Engineer. Test documentation submitted on disk shall be clearly marked on the cover with the words “Project Test Documentation”, the project name, and the date of completion (month and year).  For multiple buildings, the building name, including floor or wing I.D. should also be included on the test results disk; 
2) File names of the test results recorded for each link or channel shall match the official identification. Test results shall include a complete record for each link or channel, including type of test, cable type, cable/port I.D., measurement direction, reference setup, date, and technician’s name(s); 
3) The test equipment name, manufacturer, model number, serial number, software version and last calibration date shall also be provided in the test results documentation; 
4) When repairs and re-tests are performed, the problem cause and corrective action taken shall be noted, and both the failed and passed test data shall be documented; 
5) All tests done as part of the Software Acceptance Tests shall be included on the CD's; and 
6) The Owner, Client, Engineer, lead project manager, or Owner’s representative reserve the right to request verification of test results with a re-test of installed cables, on a sampling basis. Re-testing shall be at the expense of the installer unless otherwise noted in the contract documents. 
 
SS-VOIP-12.2 	As-built documentation 
1) Deviations from the approved drawings, whether or not a change order is submitted, shall be clearly denoted As-Built on the working hard copy drawing by the telecommunications contractor.  As-built drawings shall be returned promptly to the owner or design agent for completion of drafting revisions to the original design.  Manufacturer’s warranty registrations may also require As-Built drawings; 
2) Floor plan drawings shall at minimum include detailed cable and pathway layouts, exact locations of workstation outlets, and cable distribution hardware locations.  Workstation outlets shall have alphanumeric identifiers on the drawings as specified by the end user or owner; 
3) Cabinet layouts; 
4) Communications system including location of Equipment Rooms, Telecommunications Closets, Distributors, Pathways and Cabinets; and 
5) All documents, drawings, prints and electronic versions on CD shall be included in the Contractors' price. 
 
SS-VOIP-12.3 	Cabling documentation 
1) Identification and labelling shall follow the guidelines of ANSI/TIA/EIA-606-A.  Mandatory minimum labelling shall include pathways, Telecommunications Room (Server Room)’s, ER’s, EF’s, cable ends behind panels and wall outlets, wall outlet ports, patch panels and ports, fire stops, and grounding/bonding locations.   
2) Labels shall be permanent, with machine-generated identification codes according to specification.  Tape with hand-written labels will not be accepted. 
 
 
 
SS-VOIP-12.4 	Installation, configuration, setup, testing, commissioning, diagnostic and fault-finding documentation 
1) Detailed installation, configuration, setup, testing, commissioning, diagnostic and fault-finding documentation for all components (including network, hardware, software, etc.) included in the system must be supplied by the Contractor to the Engineer prior to hand-over of the system. 
 
SS-VOIP-12.5 User Manuals, System Administration Manuals, Training Manuals and Maintenance Manuals 
1) The Contractor shall supply detailed User Manuals, System Administration Manuals, Training Manuals and Maintenance manuals for all components included in the system. The Contractor shall supply these manuals to the Engineer prior to hand-over. 
 
SS-VOIP-12.6 Master Record Index (MRI) of All Documents 
1) The Contractor shall supply a full and detailed MRI listing all documents, versions and status to the Engineer prior to hand-over. 
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