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Bornino & Syme responses
Also would like to advise responders that cloud based or cloud/hybrid solutions will be considered. 

1. For a large business Prime, will there be small business contracting requirements in the RFP? Not that I’m aware of, expecting this is a contracting question.
1. Given the expectation that this is a multi-phased installation, requiring some integration with the existing telecommunications equipment during the replacement process, can NPS confirm that they are looking to procure a total solution from a system integrator vice individual subsystems and applications? The RFP doesn’t commit NPS to procure any or all of the proposed solutions. Timing would be subject to available funding.   However from a technical and implementation standpoint, a single integrator would be advantageous and I would expect more competitive pricing accordingly. Suggest submitting responses for either scenario.
1. Can you address the interrelationships between this RFI and the RFI for “Network Lifecycle Replacement” (Solicitation Number: N6227114I1278) which was also originated from the Information Technology and Communication Services (ITACS) Department at the NPS? These systems will all run across the network in the referenced RFI.
1. Can NPS provide any existing or planned network, telecommunications or utilities architecture information? Providing two Visio drawings of existing Avaya architecture.
1. For estimation purposes in the RFI response, can NPS provide a projected start date? Estimate early 2016
1. Please specify ports and endpoints (quantities) per location to design the number and size of gateways?
The Avaya cabinets are G650, with the exception of one G350 at the Golf Course (Bat Cave). 
Expect the Avaya digital sets would need to be replaced in a non-Avaya solution, possibly with SIP set. Most of the digital are multiline sets.
Some number of analog lines must be maintained for faxes, alarms, and simple phone sets.
 Expect there could be some gateway consolidation if analog and digital sets are reduced. 
The servers and most DS1 are in the four G650 in the Data Center.
The three G650 in Herrmann BCO are at what historically is the campus main MPOE. Smaller buildings that didn’t warrant individual gateway are serviced from Herrmann.  Copper still exists to all the other buildings, but not 100% of it is usable, and there are no plans to maintain. As ISDN is being phased out, it may be possible to service all ISDN BRIs from Herrmann, which actually was the initial design.
Regarding the VOIP, the 4600 phones must be replaced since they are not IPv6 capable. The 9600 series support IPv6 and can run either an Avaya H.323 firmware or SIP firmware.

	Location / G650 #
	Analog
	unused
	used
	Digital
	unused
	used
	BRI
	unused
	used
	DS1

	Data Center 1
	24
	23
	1
	 
	
	 
	 
	
	 
	6

	Data Center 2
	 
	
	
	 
	
	 
	 
	
	 
	7

	Data Center 3
	24
	21
	3
	 
	
	 
	 
	
	 
	7

	Data Center15
	 
	 
	 
	 
	 
	 
	 
	 
	 
	6

	Ingersoll 4
	264
	72
	192
	120
	36
	84
	36
	30
	6
	 

	Knox 5
	96
	15
	81
	48
	20
	28
	12
	6
	6
	 

	Herrmann BCO 6
	456
	201
	255
	144
	45
	99
	12
	2
	10
	9

	Herrmann BCO 7
	72
	47
	25
	144
	59
	85
	108
	11
	97
	1

	Herrmann BCO 8
	 
	 
	 
	 
	 
	 
	 
	 
	 
	14

	Glasgow 9
	384
	49
	335
	96
	15
	81
	24
	6
	18
	 

	Watkins/Bullard 10
	264
	41
	223
	72
	17
	55
	12
	6
	6
	 

	Haligan 11
	192
	41
	151
	48
	23
	25
	 
	
	 
	 

	Spanagel 12
	504
	204
	300
	96
	5
	91
	12
	6
	6
	 

	Root 13
	264
	104
	160
	96
	31
	65
	 
	
	 
	 

	Police 14
	72
	45
	27
	96
	34
	62
	12
	6
	6
	 

	G350 Bat Cave
	72
	23
	49
	24
	3
	21
	 
	
	 
	1

	TOTALS
	2688
	886
	1802
	984
	288
	696
	228
	73
	155
	51

	
	
	
	
	
	
	
	
	
	
	

	VOIP:
	 
	
	
	
	
	
	
	
	
	

	4600 series
 H.232 only
	64
	
	
	
	
	
	
	
	
	

	9300 series
SIP firmware available
	551
	
	
	
	
	
	
	
	
	

	Total H.323 VOIP
	615
	
	
	
	
	
	
	
	
	



1. Will you consider an alternative to Modular Messaging? MM is no longer available with new CM release Aware that MM is dead end product. Expect alternative solution.
1. Requested version AES PE1950 is no longer available; will you accept most current option in response? Yes
1. Requested version for Session Manager is no longer available; will you accept most current option in response? Yes
1. Requested version for System Manager is no longer available; will you accept most current option in response? Yes
1. What is the current release and license count for Vera Smart eCas? Latest version 10.6 SP 5 for 5000 licenses
1. Can we propose an alternative solution to the Sonexis Conference Manager? Yes as long as it provides the same or more features.
1. What is the current release version of E911etc? Latest 9140 version 4.0.0; LANAlert 1.0.02
1. What is the current UC solution for IM / Chat? HIPChat and Cisco Jabber  pilots. Nothing base wide NPS has Lync 2013 2700 user licenses (not plus licenses) and two server license, not yet installed, but pilot anticipated.
1. Is there an incumbent contractor currently performing work for this requirement?  No
1. What are the individual user counts for each required functionality item? Voice=5000; voicemail=3000 boxes; audio conferencing: 100 conferences w/1000 concurrent connections; videoconferencing:, point to point plus 500 multi connection conferences,
1. How complex do VIP forwarding rules for extension mobility need to be? Minimum default action plus two optional group rules.
1. How often will these change? Occasional, must be end user managed
1. What is the expected conferencing utilization? How many participants should be supported for both ad-hoc and scheduled conferencing? How many concurrent scheduled conferences need to be supported? Minimum 100 conferences w/1000 concurrent connections;
1. Can you provide existing gateway utilization metrics? These would include information such as Busy Hour Call Attempts (BHCA) and maximum Calls Per Second (CPS).  No
1. What is PNID? (Referenced in PRI section) Provides priority access to these DSN lines for VIP extensions so that they are guaranteed DSN dial tone when the priority code is dialed.
1. Please provide additional information on the SIP requirement to "bridge"additional extension appearances. In addition to a phone set’s individual DID, the set must be able to support several bridged appearances of other extensions with an audio ring and/or visual notification options 
1. Support for Unified Communications Web API (UCWA) is listed, which is a Lync specific development platform. Is there a Lync installation to integrate with at this location? If not, what are the overall API development requirements? Lync 2013 2700 user licenses (not Plus licenses) and two server license, not yet installed, but pilot anticipated. What is required is a programming interface for web pages, also Atlassian Confluence integration preferred. If not UCWA, it must be a widely adopted programming interface.
1. What models of videoconferencing units are currently in use? Will these continue to use ISDN BRI connectivity to other video units or will the new solution use Video over IP? Do these need to communicate with the other conferencing/voice/video/IM endpoints or only with other videoconferencing units? 
BRIDGE & GATEWAY

CISCO:
MSE8000 Chassis w/8050 Supervisor blade
MSE8510 MCU Blade (Qty 1, with 80 port licenses)
MSE8321 ISDN GW BLADE (2 blades, 8 PRI ports each; 11 of 8 ports currently licensed, so 5 PRI ports are still available)

ENDPOINTS

Tandberg MXP Series
Cisco C-series
Cisco SX-Series
Cisco EX-series
Cisco MX300
Cisco Jabber Video (software clients)

(NOTE: The majority of the Tandberg MXP endpoints will be cycled out of service within the next year. A small number may remain in operation.)
1. Is there wireless network connectivity at this location? If so, describe. Wireless connectivity is provided campus wide. Wireless is currently 802.11n, with intent to upgrade during a separate project to 802.11ac with 100% coverage in buildings and adjacent to buildings on campus.
1. Are there requirements to use voice or video over this wireless network (laptops, smartphones, tablets, or dedicated wireless handsets)? Yes, including access from mobile devices over the Internet w/o VPN.
1. Are there any remote connectivity requirements, either to other sites or to VPN users? There are users accessing via VPN and all services should be available over VPN, secure access to conferencing should not require VPN.
1. What are the uptime and disaster recovery requirements? Redundant, preferably load balancing servers required. Disaster recovery 4 hours. 99.99% (four nines) or better availability is required.
1. What is the current network infrastructure? Is Quality of Service configured across this network, or should this configuration be included in the scope for the project. QOS has not been explicitly configured on the NPS network and a full network refresh is planned prior to the UC upgrade; that configuration is not yet known. Verification and configuration (as required) of QoS should be included in the scope.
1. In regards to section 2.0, background: 148 ISDN 2-wire BRI's supporting various Polycom & Tandberg video devices
29. Are the BRI's currently running through the existing Avaya PBX or are they being delivered directly to the video devices?  ISDN BRIs are being delivered through the Avaya PBX using TN2198 BRI line cards. They are 2 wire BRIs, as the infrastructure exceeds the distances that would be require for 4 wire BRIs. The utilize the same LEC, LD, and DSN trunks as the voice phones.
29. Do the Polycom / Tandberg units referenced support Ethernet/other connection options or are the BRI only? All support both Ethernet and BRIs. Whereas our direction is to reduce the use of BRIs but the extent and timing is not yet determined.
1. In regards to video: to clarify - you have 11 'video' PRI's from AT&T 
30. Are these separate / different than the 12 Local PRI's from AT&T noted in the 'Trunks' section The 11 video PRI are separate from the 12 LEC voice PRIs. 
30. Where do the 11 AT&T video PRI's terminate?  The 11 video PRI terminate on the Avaya PBX. There are 11 separate PRI from the Avaya PBX to the MSE8321 ISDN GW blades. The AT&T circuits are dedicated to servicing the MSE-8321circuits.   Initially the AT&T circuits were directly connected to the MSE-8321’s Tandberg predecessor. The circuits are now passed through the PBX in order to give the MSE-8321 optional access to the DSN trunks.
30. Are the 148 BRI's separate or are they part of the video PRI's? The BRI are separate from the 11 AT&T video trunks. They use the voice LEC, LD and DSN trunks which are all data conditioned.
30. Are the 11 video PRI's being delivered to the MSE-8321's from the Avaya T1 boards? Yes, via TN464 boards
30. Do the BRI's terminate on the Polycom and Tandberg video devices? Yes.
30. If so, how many BRI's per video endpoint / codec Three BRIs, and in some instances four.
1. 250 DID extensions routed across SIP trunk to SiRRAN Core-PBX secure wireless
31. Can you please specify what SiRRAN product / version is currently deployed and how it is being used? SiRRAN GSM/EDGE Cellular Core Network hosted on an HP server. Use: experimentation with MVNO concepts. The MVNO or Mobile Virtual Network Operator, owns cellphone customers but not the radio infrastructure.
1. 250 member SIP-CM to SM1 trunk:
32. Can you verify that this describes a SIP trunk between CM and SM1? Yes, this is a direct SIP trunk between CM and the SiRRAN Core-PBX. It does not use the Avaya Session Manager SIP server.
32. [bookmark: _GoBack]What is SM1? It is SiRRAN PBX server at the distal end of the SIP trunk from the Avaya Communication Manager.
1. 1 PRI tie line direct to Sonexis Conference Manager Audio Bridge
33. Is the connection a QSIG trunk? Yes
1. 1 E1 QSIG (59 members) to Avaya Modular Messaging voicemail:
34. What does the ’59 members’ refer to? Refers to the total number of channels across two E1 circuits from two TN464 cards on the Avaya PBX, directly to the Modular Messaging server.  The proposed replacement voicemail system does not necessarily need to use E1 or other physical connections, SIP would be OK Voice Mailboxes? Currently we have 2500 voicemail boxes, but anticipate growth to 3000. How many ports does your existing voicemail system support? 59 concurrent connections
1. Gateways total about 5000 ports; Ports – are these ports supporting phones? See table in item #6 above.
1. Related to conferencing support – you as approximate concurrent connections per conference and concurrent conferences support
36. What are NPS’s existing infrastructure support and/or what are your requirements? Existing dedicated fiber through the Extreme switches provides the backbone across the PBX and its gateways.  End user connectivity for VOIP is across our Brocade data network.
1. FAX Support
37. What are NPS’s FAX server capacity requirements? Currently, in addition to about 240 analog fax machines, faxes can be received into Modular Messaging voicemail boxes. A capability we want to maintain in the voicemail replacement.  Outgoing faxes are not handled by a fax server, rather workstations can “print to fax” via… We don’t anticipate additional outgoing fax service will be required
