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Introduction

Voice over IP (VoIP) and “convergence” of voice and data have become hot topics in the networking industry.  In recent months, some of the leading vendors have made announcements about their strategies and product directions.  Some vendors have significant, if somewhat immature, products available now.  Others are still working on making ready their first major entries into this new market.  

Several months ago, NET@EDU organized a VoIP Working Group to begin to track and report on various aspects of this emerging technology.  Members of this working group split up to report on different facets of VoIP.  This report provides some details on VoIP products from leading vendors, which can be deployed in a campus environment.  We made a deliberate decision to exclude the WAN products at this time.  The full-capability, “industrial quality,” WAN products are often options to the existing campus equipment or use other equipment (e.g., routers with priority queuing) which the vendor can provide.

*Pricing in this paper is represented as general and approximate retail. It is intended for review only and is subject to rapid change. Most, if not all vendors, offer educational programs or state contract special pricing. 

Some observations on the industry

Having had the opportunity to have some frank discussions with the leading vendors, several common themes emerged.  

This market is evolving at an extremely rapid pace.   This is both exciting to observe and makes it challenging to track.  The information in this report needs to be understood to be a snapshot of the state-of-the-art at a given point in time.

The success of deploying and leveraging IP telephony in and between LANs is highly reliant on infrastructure improvements and upgrades to legacy networks. Enhancements such as industry standard QOS mechanisms, network management applications, switch to the desktop architectures etc… are necessary before any large-scale deployment should be planned. Failure to achieve a 99.999% reliable infrastructure prior to the adoption and deployment of VoIP would be risky at best. For many of us, this will offer the greatest expense and challenge.

Leading vendors are looking to offer complete solutions.  In addition to committing significant internal development funds, they are not shy about acquiring companies and technologies to fill out their product portfolio.  Key elements of VoIP-related offerings include PBX enhancements or non-PBX alternatives, “hard” VoIP phones (real phone instruments), “soft” VoIP phones (software emulating phone functions on a computer), unified (voice, fax, email, etc.) messaging and voice-enabled, data components (e.g., switches, routers).

VoIP products aren’t cheap… now.  There is general agreement that VoIP is in the “early adopter” stage of the product lifecycle.  At this time, unless special deals are struck, the cost of deploying VoIP systems will generally be equal or greater than those using traditional PBX technologies.  However, you can expect that there will be tremendous competitive pressures on the vendors to lower their prices to gain or retain market share as VoIP becomes a more viable for large-scale deployment.  There will also be some VoIP components that are expected to become commodities.  For example, low-end, VoIP hard phones are expected to become common, interoperable and cheap.

Applications are becoming a key focus in the marketing of VoIP systems.  Potential savings are not the only reason that your sales rep will be suggesting that VoIP makes sense.

Only one vendor has stated that it is ready to deploy VoIP in a large campus environment.  Realistically, we believe, it will be at least 9 -18 months before VoIP will be ready to be considered seriously as a complete replacement for traditional PBX systems in this market.  In the meantime, smaller, departmental, building or early user deployments will likely be viable in 3 – 6 months.

Update on Leading Vendors

The key vendors that are believed to be most likely to offer VoIP systems of interest to the campus market were contacted and asked to provide information on current products and future plans. To assist in our evaluation, we have provided a grading scale. This scale should not be considered a basis for buy or implement decisions. It is only intended to provide a tool to assist in understanding the current and future positions and directions of the stated vendors.

Vendor Type “A” 
Vendor shows clear strategy and direction for deployment of VoIP and offers a full range of products including PBX centric offerings down through end user appliances (IP phones and handsets). Individual pieces of the product line may be in development at this time, but it is reasonable to believe that the vendor will offer such products to market in the near future.

Vendor Type “B”

Vendor shows clear strategy and direction for deployment of a range of VoIP technology with no PBX centric solution available. Wide ranges of products are available including those to integrate with PBX technology down through end user appliances. There is no stated direction or reason to believe that the vendor will expand the product line into a ‘full’ range including PBX centric solutions. (Cisco will not likely begin to market PBX systems in the traditional sense, however offers a wide range of VoIP products.)

Vendor Type “C”

Vendor hints at a direction, but shows no clear strategy for large-scale deployment of VoIP into campus networks. Products available but do not cover a wide range of solutions. Niche market or application technology is available. Vendor position and offering may change in the near future and is worthy of attention.

Vendor Type “D”

Vendor has no stated strategy or direction for VoIP products. (No such vendors are included in this report, however the rating is necessary to offset type ‘A’ and for future use of this scale.)

Nortel Networks  

Nortel Networks is clearly a type “A” vendor today. They have a long history in the circuit switched voice industry. With the previous acquisition of Bay Networks, they carry that experience into the packet switching industry at full speed. Nortel offers a full range of solutions categorized into three arenas:

1) IP-enabled voice switches. Moving new IP capabilities into existing PBX and remote office key systems to protect the customers existing investment.

2) Telephony-enabled IP networks. Voice features and support moved into traditional IP networks enabling voice applications to be available across the entire IP network infrastructure.

3) Platform independent telephony components. Based on the assumption that many users will require a hybrid deployment of VoIP technologies, new telephony components must integrate into and co-exist with both native IP networks and traditional PBX infrastructures.

Realizing that a new approach to IP network architecture is needed for the deployment of IP telephony, Nortel has developed the Internet Communications Architecture or INCA. INCA is seen as an end-to-end solution that classifies the functional requirements into four broad groups.

IP telephony gateways
Bridges between legacy voice networks and newly deployed VoIP networks and IP enabling equipment for such legacy devices as fax machines, analog phones, and modems. These products are crucial for the evolutionary path of most campus networks that have an existing PBX or Centrex infrastructure. 

IP telephony terminals

Telephony terminals are end user devices such as IP enabled phones and soft phones. 

Telephony applications

These are value added services that will be available over the IP telephony infrastructure. Unified messaging of email, voicemail, and fax service will be offered , ‘speaker independent speech recognition’ for IVR (interactive voice recognition) applications,  and  Internet call center applications. 

Connection management

Connection Management combines the call processing function of a PBX with the gatekeeper function of new IP networks. It is responsible for call management, call setup, admissions control, signal processing and resource management.

The INCA M10 call manager is a server based platform similar to the Cisco 7830. Differing from the Cisco approach of providing a hardware/software appliance for call management, Nortel has plans to sell both software only configurations, as well as a hardware/software solution. The first option will help customer with a preferred server platform to keep consistency while implementing call management. 

A typical small pilot for today may include the following pieces:

(1) Nortel Connection Manager 
$15,000 

(1) Passport 4460 Gateway

$ 8,000

(25) IP Enabled phones

$   350



Total (list pricing)
$31,750

Testing of the telephony applications while in some ways desirable now, should be held back until a clear understanding of the basic infrastructure is in place. Therefore, we do not include any such application licenses in our pilot pricing.

Nortel clearly stands out as a viable competitor today and should be included in any discussions concerning the future of VoIP. Their history is rich in voice applications and may offer them a “leg up” against competitors such as CISCO. Please reference the following site for further detail:

http://www.nortelnetworks.com/ products/ip/
CISCO

CISCO is a newcomer to the voice field – and a very aggressive newcomer it is.  CISCO currently dominates the data communications equipment market.  It is now looking to expand its offerings beyond its historic roots and offer a complete line of communications products.  Currently, they should be considered a type “B” vendor as they remain out of the PBX centric market. VoIP is a key part of CISCO’s recently announced AVVID (Architecture for Voice, Video and Integrated Data) framework for multi-service networking.  In addition to coming out with new products, it is adding features (priority queuing, VoIP cards, etc.) to its traditional product lines to make them “voice aware.”  

CISCO realized it needed to jump-start its efforts in the VoIP area.   Not surprisingly, it made several strategic acquisitions which added to the products and services it could or will market.  

Selsius Systems (October 1998) – Call manager and hard and soft IP phones

Amteva Technologies, Inc. (April 1999) – Voice mail and unified messaging solutions

Geotel Communications Corporation (April 1999) – Call center integration

Calista, Inc. (August 1999) – Converter to allow integration of legacy digital sets into a VoIP environment

Generally, activities made possible from the Selsius acquisition have been most significant to-date.  The PC-based, call manager from Selsius (renamed the CISCO Call Manager or CCM) is the heart of the VoIP system.  It is now being offered as a combined hardware/software solution (the CISCO 7830).  In addition, there are several different types of hard phones that are currently available.  Both come with 10Mb ethernet connections and more or less features depending on the phone selected.  

VoIP “trial kits” were initially offered by CISCO that were based on the Selsius products.  These are no longer offered, but the individual parts can be put together to create a good configuration to begin experimenting with this technology.  This might include:

(1)  
7830 with Call Manager

$14,995

(25) 
30 VIP (high-end) hard phones
$15,495

(1)
Digital interface to legacy PBX
$10,000





Total (list)

$40,490

(A key consideration with any emerging technology such as this is understanding how long the equipment purchased today will be viable.  You should have a frank discussion with your vendor to see what type of trade-in or trade-up programs are likely.)

CISCO has aggressive plans to bring out new products and features.  Look for the ability to have multiple Call Managers for redundancy and scalability by the end of the year.  Next year, there will be a variety of new phones introduced (projected range of list prices is $450 to $650 in quantity one).  The more expensive phones will have new features such as two 10/100Mb jacks, 4-6 line appearances and, in the Executive phone, a larger, high-quality display.  

Scalability is a key issue with the new VoIP systems.  CISCO is taking a cautious approach with customers and is not trying to sell large systems too quickly.  Any order for a system over 100 phones now needs special approval before the order is accepted.  They are targeting to have about 20 customers with over 1,000 phones by the end of this year.  By the middle of next year, they will have the theoretical capacity via “clustered” Call Managers to handle 50,000 phones – although it seems unlikely that any organization would want to deploy a system of that scale until the systems are proven at lower sizes.  

In a move sure to be applauded by many customers weary of getting a vendor’s new products only to find they don’t perform at all well, CISCO has made a commitment to get rid of its own “old world” phones and replace them all with CISCO’s “new world” systems.  This process has already started and is expected to be completed in 24 months.  Also of keen interest will be the conversion of 25,000 phones at the San Jose campus (50 buildings) which is scheduled to be done by mid-2000.

While no special educational programs are in place to deal with VoIP products, standard educational discounts will apply.  As always, special deals can sometimes be worked out between a specific school and CISCO for a particular project.

To learn more about the CISCO strategy and offerings, the following URLs are suggested:

CISCO AVVID:  


http://www.cisco.com/warp/public/779/largeent/learn/technologies/dvvi/
MultiService IP Telephony Business Case


http://www.cisco.com/warp/public/cc/cisco/mkt/iptel/profiles/msipt_bc.pdf
LUCENT

Without question, Lucent is one of the leaders in voice networking technologies.  However, until recently, it was very weak in data networking.  Over the past year, it has made a number of acquisitions to shore up its data networking capability. Of most significance was the  $24 billion that Lucent spent to acquire Ascend this past June.  With the expertise and products that Ascend brings to the table, plus some complimentary products from some smaller acquisitions, Lucent hopes to have a credible offering for all campus/enterprise voice and data needs. With this history of success and new acquisitions, Lucent qualifies as a type ‘A’ vendor.

Lucent’s technology framework for convergence is called Real World Networking (probably to contrast with other vendors who compare “old world” traditional systems vs. “new world” IP-based systems).  Within this framework, the complete spectrum of converged network options are covered (e.g., campus support, WAN, call center, unified messaging).

There are two different product offerings which will be available from Lucent to provide VoIP functionality.  The IP Exchange, which is similar in architecture to the CISCO Call Manager, is targeted, at least for now, at small sites or isolated buildings with under 100 phones.  Definity IP Solutions is built on Lucent’s flagship Definity ECS (Enterprise Communications Server – aka, PBX).  This is the product that will best serve most campus environments due to current plans for scalability.  (For this reason, this report will focus on the Definity ECS offering.)

Lucent has not yet made significant VoIP products generally available.  So far, the Definity only supports IP trunking (i.e., WAN support for VoIP).  This, however, is going to start changing soon.  Before year-end, the Definity will support direct connection to the campus ethernet IP network and soft phones (software running on a PC providing full access to standard phone functions).  In the first half of 2000, Lucent will make hard phones available.

The VoIP support on the Definity is starting out at a fairly modest 1,000 phones.  It is expected that upgrades to this support will be announced in 5,000 phone increments starting in mid-2000.  

Lucent makes several points that it suggests favor its vision of VoIP in the campus environment:

· For those sites with an up-to-date Definity system, there is a straightforward migration path that can be evolutionary vs. revolutionary.

· The Definity VoIP phones (hard or soft) will provide all the features available on traditional Definity digital phones sets.

· The Definity ECS is a proven telephony solution.

Lucent did not want any pricing discussed “on the record.”  However, list prices for Lucent’s VoIP solutions are expected to be higher than for Lucent’s traditional telephony.  If “off the record” pricing points are put into effect, these prices also appear to be a somewhat higher than some competitors list prices.

For additional information on VoIP solutions from Lucent, the following URLs are suggested:

Lucent VoIP Introduction:


http://www.lucent.com/realworld/VoIP.html
Where Do You Want to Be Tomorrow and How Will You Get There?
http://www.lucent.com/enterprise/whitepapers/bcs0695.pdf
Cabletron Systems

The recent acquisition of Hypercom has brought Cabletron systems as another newcomer into the VoIP market. Cabletron is clearly a type “C” vendor today. Their current product line is focused on only a niche of the VoIP arena – PBX/Key Server gateways. However, there are ‘rumors’ among the ranks of Cabletron that a path to offering a full line of VOIP products will be visible soon. 

Similar to Nortel, Cabletron has created network architecture for VoIP called SmartVoice Solution. This includes the use of their SmartSwitch Router (SSR) device, the Hypercom Smart Voice Gateway (SVG), and Spectrum Enterprise Management software. The SSR devices are capable of tagging and routing voice packets based on industry standard QOS and prioritization at wire speed creating a robust and reliable network layer for IP transport. The SVG interconnects remote sites PBX’s and Key Servers using this transport layer. Essential to the deployment of VoIP in a Cabletron solution is the ability to manage your network and maintain SLA’s via Spectrum. 

Approximate retail costs for the SmartVoice Solution:


(1) Smart Voice Gateway
$23,000

(2) SSR 8000


$17,500

(3) Spectrum*


$40,000

*Single license hardware and software, Solaris version

This solution is clearly directed at the WAN market and is worthy of consideration for geographically dispersed campuses. There is no clear plan today stated from Cabletron to offer products other than voice capable switches and routers for LAN deployment of VoIP. Over the next few years, Cabletron will focus on the sales of its router and switch products to next-generation service providers building out their networks to support voice traffic over major long distance corridors. With their past history in the packet switching arena and new technology acquisitions, they remain worthy of a watchful eye in the VoIP marketplace. They, as well as many other technology companies, can change their stated direction and focus virtually overnight.

For additional information on VoIP solutions from Cabletron, the following URLs are suggested:

Cabletron and Cirilium Partner to Deliver VoIP Solutions

http://www.cabletron.com/ournews/1999/oct/10-11d.html
Packet Voice Directions

http://www.ctron.com/white-papers/packet-voice.pdf
3COM

Taking a bold approach to today’s market, 3COM states that is ready for primetime deployment today. The acquisition of the NBX Communications System gives 3COM a strong product line for the VoIP market minus a PBX. NBX was considered by many the leader in VoIP technology prior to the 3COM acquisition. Clearly 3COM’s direction is to be a worthy competitor for Cisco in the type ‘B’ arena. 

The NBX 100 communications system looks and acts as a traditional business telephone system, yet is integrated directly on top of Ethernet. It can use the WAN connection from the local network to bridge voice traffic across large distances into other local networks with no quality degradation according to 3COM. A self-contained “network appliance,” the NBX system is touted as more reliable than PC-based call manager systems. The call processor can double as an application server providing a rich feature set. These features include auto-attendant, voice mail, unified messaging, and TAPI-enabled CTI functionality. 

To connect NBX 100 systems together over WAN environments, 3COM offers the NBX ConneXtions Gateway. This is a software based H.323 gateway. Appearing as a contradiction to the supposed reliability of the NBX 100’s architecture not being based on a PC, the NBX ConneXtions Gateway runs on top of Windows NT. The claim is that this solves some of the complexities and interoperability problems associated with hardware based H.323 gateways. Thirty day trial downloads are available from 3COM’s website. The URL will be given at the end of this section.

For end user appliances, 3COM offers a hard phone technology. The NBX Business Telephone is a full featured voice appliance with dedicated feature buttons, 18 programmable buttons, and one touch access to the NBX 100 Advanced PowerMail Exchange integrated messaging system. The phone sets support four-party conferencing, full-duplex speaker phone, transfer, hold, and multi-line display with CallerID (where available). An interesting feature of the NBX Business Telephone is the ability for end users to program there own telephone via web browser based administration utility called NBX NetSet. It is not clear at this time whether this feature can be disabled or is even desirable for many applications. 

A very interesting “feature” of the NBX 100 Communications System is the NBX IP Serve Application Suite. This application suite will allow NBX telephone sets to be deployed across routed IP networks and remain managed by a single NBX 100 call processor. While this does allow full-featured voice application access from remote sites, this is apparently required to enable mobility outside of the campus Intranet for NBX phones. It is not clear that other vendor’s phones can carry the full feature set offered to the local user, via the local call manager system, to remote IP networks without such an application suite. However, it is worth noting that competitor’s phones do not require this for basic functionality.

Pricing was not available for release from 3COM for inclusion in this paper and was stated to “vary widely” by 3COM representatives. The vendor does offer an educational pricing scheme and suggests contacting a local 3COM representative for further pricing information. 

Additional information about 3COM VoIP offerings can be found at:

http://www.3com.com/products/nbx
http://www.3com.com/news/releases/pr99/apr0599a.html
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