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Voice-Data Consolidation 

Definition 
Voice-data consolidation is the transmission of both voice and data over a single 
packetized communications network. It combines the circuit-switched voice 
network with the routed packet data network to achieve efficiencies in technology 
and reduce equipment costs. While the possibilities of having a single packetized 
network to handle voice and data have always been enticing, the technology 
required to accomplish the goal efficiently was simply not available. Specifically, 
the delays incurred by processing packets inside the network were tolerable for 
delay-insensitive data applications but were unacceptable for delay-sensitive 
applications such as voice. However, advances in technology address this 
deficiency. Consequently, there is a growing interest in consolidating voice and 
data traffic on what will ultimately be a single, unified, packetized network from 
end to end. 

Overview 
This tutorial examines the reasons for separate networks and the advantages to 
be gained from consolidating voice and data traffic. It explains what the technical 
requirements are to achieve consolidation—specifically, data networks must be 
more reliable with a higher quality of service (QoS) if they are to be suitable for 
delay-sensitive applications such as voice. 

Advantages exist both for service providers and end users in a consolidated 
network in terms of initial cost, maintenance, and support. Consolidation will 
enable new services that will appeal to both. 

The major packet voice technologies are voice over asynchronous transfer mode 
(ATM), voice over frame relay, and voice over Internet protocol (VoIP). Of these, 
frame relay is transitional; ATM will stay in the backbone as a long-haul transit 
mode; and Internet protocol (IP) will ultimately be the end-to-end voice 
transport method. The current switched voice network will stay in place for at 
least a decade, slowly replaced by packetized voice. Early consolidation will take 
place on the wide-area networks that access the public switched telephone 
network (PSTN). 
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Small and medium-sized businesses will play a key role in the adoption of 
converged voice and data, as will new applications that go beyond the notion that 
“voice rides for free” over a packetized network. 

Topics 
1. Background 

2. Markets 

3. Technologies 

4. Market Trends 

5. Future Possibilities 

Self-Test 

Correct Answers 

Glossary 

1. Background 
Voice-data consolidation on a single packetized network benefits service 
providers and end users alike. Consolidated networks will be critical to reducing 
the service provider’s operational costs, maximizing efficient use of network 
resources and providing a flexible platform for adapting to a constantly evolving, 
unpredictable, and increasingly competitive communications landscape. 

Current interest is focused on integration across packetized networks that are 
optimized for data but can nonetheless support voice traffic with sufficient 
quality to meet user requirements. To ensure the success of packetized 
multiservice networks, the areas of QoS, features and functionality, and reliability 
must be at the same level or higher than that of the circuit-switched networks. 

QoS is going to be the most important concept in the communications world for 
the next ten years. We are in the midst of a profound transition from a text-
based, best-effort world focused on simple connectivity to a stratified 
communications world in which users will be willing to pay more for premium 
performance. 

2. Markets 
The coming voice-data consolidation trend will transcend traditional market 
segments, encompassing business and residential, local and long-distance, local-
area network (LAN) and wide-area network (WAN), wireline and wireless, and 
domestic and international divisions. The benefits of voice-data consolidation on 
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a single packetized network accrue in a number of areas to service providers and 
end users alike. 

For service providers, a single network simplifies network monitoring, 
troubleshooting and problem resolution, and customer service by consolidating 
multiple network management systems into a single platform. It also streamlines 
personnel training requirements, provides economies of scale by consolidating 
multiple types of traffic instead of having separate overlay networks for each, and 
enables entirely new value-added, revenue-generating, and customer 
relationship−building services. 

For end users, the benefits of a unified network are similar. Network 
management can be combined under a single umbrella management system; the 
heretofore separate telecommunications and data communications departments 
can ultimately be combined; monthly recurring costs for access lines and WAN 
services can be decreased through the consolidation of access lines and resulting 
economies of scale; and, ultimately, a single, internal wiring infrastructure can be 
used for both voice and data. 

3. Technologies 
The integration of packet-switched networks with signaling system 7 (SS7) is 
critical to transitioning smoothly from circuit-switched to packet-switched 
networks. SS7 is the signaling mechanism of the PSTN that is used to provide 
path determination and enhanced voice services such as 800 numbers, call 
forwarding, caller ID, and other custom calling and custom local-area signaling 
services (CLASS). 

Three technologies are emerging for the process of consolidating voice and data: 
frame relay, ATM, and IP. Each is optimized for different applications and has 
different design objectives and a different heritage, which will determine the 
extent of the role that each will play in networks of the future. 

Voice over Frame Relay 

Frame relay was explicitly designed as a solution for the burgeoning bandwidth 
and LAN interconnection requirements of corporations in the early 1990s. 
Specifically, it was designed for data applications. While frame relay was initially 
offered at rates ranging from 64 kbps to 1.544 Mbps, several carriers began 
offering high-speed frame relay at speeds of up to DS–3 in 1996 to address 
bandwidth constraints at central sites of corporate networks. In an effort to make 
frame relay more flexible in terms of bandwidth requirements by bridging the 
gap between DS–1 and DS–3 access rates, the Frame Relay Forum is currently 
working on an implementation agreement for multilink frame relay. According to 
this agreement, users will be allowed to inverse-multiplex multiple, low-speed 
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access links into one higher-speed, logical connection. Frame relay requires that a 
logical connection be established between all users wishing to communicate, 
which limits the connectivity capabilities of frame relay compared to 
connectionless protocols such as IP. 

Natural market forces are slowing frame relay’s growth rate as its target market 
saturates and users are uncertain of the role of frame relay in an IP world. 
Although it was originally positioned as a data service, frame relay for voice 
applications was soon promoted by frame-relay access device (FRAD) vendors. 
The length of the frame can vary, although the maximum size allowed by service 
providers is typically 4,096 bytes in alignment with LAN frame sizes. The use of 
relatively long, variable-length frames is attractive to the data community 
because it decreases the amount of overhead for frames carrying data traffic, 
which tend to be large in size. Unfortunately, this can create problems for voice 
traffic, as the variable-length frames can cause variable-length delays that may 
degrade the quality of voice. The widespread deployment of ATM backbones by 
service providers addressed the nodal delay and latency issues associated with 
voice over frame relay. Currently, more than 70 percent of all traffic that 
originates as frame relay at the customers’ premises runs over an ATM backbone. 
Voice over frame relay will prove to be an interim solution as other alternatives 
become more prominent in the year 2000. 

Voice over ATM 

ATM has been embraced by incumbent local and long-distance carriers as well as 
next-generation telcos. ATM offers service categories that comprise the highly 
touted QoS capabilities. Although ATM was specifically designed for the 
consolidation of voice, video, and data traffic, most users to date are using it for 
high-speed data applications. Only recently has there been a surge in activity with 
voice over ATM in the equipment-vendor and service-provider areas. However, 
there is clearly a new model beginning to emerge that uses ATM as a multiservice 
access consolidation technique to provide connectivity to traditional circuit-
switched voice networks and packetized data networks such as public frame relay 
and the Internet. This will allow both on-net and off-net voice capabilities for end 
users, while the access line is shared with data applications. 

In this configuration, tier-1 (T1) ATM is used as an access mechanism to reach 
the service provider’s point of presence (PoP). Gateways are located at that point 
to direct traffic to the appropriate networks and send off-net voice to the PSTN, 
frame-relay traffic to a frame-relay network, and IP traffic to the Internet. On-net 
voice and data traffic can be transported natively across the network. This model 
represents a graceful migration path to convergence; service providers preserve 
their investment in existing networks, while the disruption to users is minimized. 
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ATM was specifically designed to address the latency and delay issues that arise 
when transporting multiple traffic types, including voice or other delay-sensitive 
traffic, across a network. Such delay issues resulted in the selection of a fixed-
length, 53-byte cell, a compromise between the longer length favored by the data 
community for its lower overhead and the shorter cell size favored by the voice 
community to handle QoS issues for delay-sensitive traffic such as voice. The cell 
size is not optimal for any single traffic type but is optimized for a mixture of 
traffic types with varying requirements from the network. ATM has been 
criticized rather viciously for being a technology that can support all types of 
traffic adequately but that does not support any single type of traffic well. Other 
alternatives, however, wrestle with these same issues. Challenges also lie ahead in 
terms of defining standards for ATM/PSTN gateways that will be the linchpin of 
the multiservice access model. 

Voice over IP 

In VoIP, voice equipment connects to the WAN access device, which packetizes 
and performs the required processing before passing it to the WAN. This could be 
either a public or private IP–based network or a public frame-relay or ATM 
network. 

The stringent delay requirements of voice traffic have traditionally presented a 
formidable challenge for connectionless IP networks. Vendors have focused their 
attention on confronting this challenge with enhancements to equipment that 
will provide QoS in IP networks. 

A number of techniques are being employed to accomplish this objective, many of 
which are similar to those used in ATM networks. QoS in an IP network is a 
network-wide challenge; it cannot be restricted to individual parts, as the QoS 
chain is only as strong as its weakest link. The most prominent initiative falls 
under the differentiated services banner. This work is relevant for service 
providers who wish to escape the flat-rate, low-margin, best-effort model of IP 
services that currently prevails because it will enable them to offer tiered service 
offerings. 

The VoIP market diverges from both frame relay and ATM when it comes to 
breadth of vendor support because VoIP will ultimately be the end-to-end 
packetized voice solution. Explaining the tremendous amount of activity in the 
area of VoIP is simple. VoIP leverages the huge worldwide installed base of 
transmission control protocol (TCP)/IP networks in public and private networks, 
the LAN and the WAN, and business and residential markets. IP is thus 
distinguished from any other technology or protocol in existence. 

Turning the traditional best-effort service offered by IP into one that provides 
QoS for different types of traffic has proven to be a formidable task. Currently, 
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the technology remains unproven and immature, and the standards controversies 
are simmering as competitive positioning among vendors intensifies. 

The most important specification is the family of H.323 standards, the most 
widely deployed specification for voice over IP. However, there are a number of 
concerns about H.323’s long-term viability. Controversy rages over the choice 
and number of compression algorithms used, the use of Q.931 as a call setup 
mechanism, security issues, and the feeling among some that H.323 sacrifices the 
critical advanced telephony features and functionality required to offer enhanced 
services and achieve interoperability. These issues have led to the concern, in the 
VoIP community, that what is rapidly becoming the de facto standard is not the 
optimal solution and that its shortcomings will adversely affect the evolution of 
the market in the future. Despite these legitimate concerns, H.323’s momentum 
continues to grow in the marketplace. 

The Internet Engineering Task Force (IETF) has also been working diligently to 
develop specifications to enable real-time applications such as voice to work over 
IP. The most prominent IETF initiative falls under the banner of differentiated 
services (DiffServ). The work of the DiffServ group is relevant for service 
providers wishing to escape the flat-rate, low-margin, best-effort model of IP 
services that currently prevails because it will enable them to offer tiered service 
offerings. While DiffServ can be implemented in pure hop-by-hop traditional 
router networks, the IETF is also working on another mechanism that can be 
used in conjunction with it to allow service providers to offer multiple classes of 
service. That mechanism is multiprotocol label switching (MPLS). Essentially, 
MPLS combines the benefits of connection-oriented technologies with the 
flexibility and ubiquity of connectionless IP to enable multiple classes of service 
to be provisioned over a service provider’s backbone. Several technologies could 
be used in the backbone, including ATM, frame relay, and high-speed routers. 

The current trend indicates that the model of future IP–based networks will use 
IP to access the network where DiffServ mechanisms will be in place to prioritize 
traffic according to application requirements. These will then be translated into 
MPLS language at the network ingress with the use of a label to be attached to the 
packet for transport across the backbone network. This configuration will allow 
service providers to offer several classes of service, based on relative QoS. 

Multimedia gateway control protocol (MGCP) is a combination of IP device 
control (IPDC) and simple gateway control protocol (SGCP), both of which were 
designed to interconnect IP and SS7 networks. MGCP has gained considerable 
momentum over the past six months as a technique to address the scalability 
issues of H.323. 

The IETF’s Multiparty Multimedia Session Control Working Group (MMUSIC) 
has developed yet another signaling protocol that can be used for IP telephony. It 
is called session initiation protocol (SIP) and is more IP–centric than H.323. SIP 
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is considered to be better for implementations of IP telephony over wide-area 
networks. 

VoIP in the WAN access segment can be configured in a number of ways in 
enterprise networks. The one most relevant for WAN access involves direct 
connection between a private branch exchange (PBX) and a VoIP–capable router 
or access device. The question then becomes what to use for the wide-area 
connection. The choices in a public environment are the Internet or public data 
services such as frame relay or ATM. Voice over the Internet is not viable in the 
short term for several reasons. The ability to offer multiple service levels is based 
on the network’s ability to support QoS. This is a nontrivial task for the Internet. 
The evolution of the Internet to support QoS is an enormous task, replete with 
technical, regulatory, logistical, and political challenges. Finally, until IP 
gateways that are capable of providing the features and functionality of the PSTN 
are widely deployed, corporations will shy away from pure VoIP in public 
environments (see Table 1). 

Table 1. Comparison of Voice/Data Consolidation Technologies 
 IP Frame Relay ATM
installed base LAN 5 N/A 1

installed base WAN 5 4 1

maturity w/r QoS 2 3 5

technical elegance 3 2 4

vendor support 5 3 3

service-provider support 2 3 4

market perception 5 2 3

standards maturity 2 2 4

standards activity 5 1 2

R and D activity 5 1 2

investment activity 5 1 2

network externality; on-net/off-net 3 1 3

CPE pricing 4 4 3

applications scope 5 2 3

simplicity 2 3 2

Scale of 1–5: 1 = worst, 5 = best 

4. Market Trends 
Although the days of the PSTN are undeniably numbered, it will coexist with 
emerging data-centric networks for at least the next decade as networks 
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transition to purely packetized multiservice networks. In addition, traditional 
service providers are already responding to the threats posed by packetized 
alternatives by lowering the cost of circuit-switched voice, thereby minimizing 
the economic incentive for customers to migrate to packetized networks. 
Competitive pressures due to market dynamics and entries of new players in both 
the local and long-distance markets are changing the perspective of incumbent 
carriers, and they are becoming more receptive to offering voice-over-x services. 
It has also been noted that the deployment models for IP and ATM access both 
involve the use of gateways between packet networks and the PSTN. This 
suggests that the PSTN will in fact be carrying traffic from packetized networks 
and will therefore generate revenue. In short, widespread deployment of the pure 
end-to-end model of packetized voice for businesses that would quickly eliminate 
carrier circuit-switched revenues will not emerge for several years. 

5. Future Possibilities 
VoIP is being positioned in all conceivable network configurations and market 
segments. New IP–based applications will emerge in the next two years that will 
incorporate video, voice, and data simultaneously for practical business and 
entertainment purposes. Many of the existing applications are free, which always 
helps to stimulate a market. A related and underestimated application is 
document sharing which, when used in conjunction with VoIP, has the potential 
to improve productivity dramatically. 

There are two important trends to note in the voice-data consolidation market. 
Smaller and medium-sized businesses will play an important role in the 
development of the WAN access consolidation market and the voice-data 
consolidation market in general. Second, the layering of value-added applications 
on top of multiservice access lines will be important to the success of this market, 
taking voice-data consolidation well beyond the simple model of “voice rides for 
free” over an existing data network. This represents a new phase in the evolution 
of the voice-data consolidation market that will be the first step toward the 
unified networks of the future. 

The Sprint ION and AT&T INC models are fundamentally sound conceptually. In 
both cases, the service provider accepts the risk of technological obsolescence and 
offers services to assist with the implementation and ongoing management of the 
offerings. This is a step toward fulfilling the promise of the “WAN as a utility” 
model. Users will view their networks as a utility into which they plug for 
services, and they may therefore focus on their primary responsibility: running 
their businesses. This is a new concept for end users, and it will take time for the 
market to embrace this new concept. Once a threshold is reached, however, it will 
begin to grow exponentially. 
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Self-Test 
1. Which of the following voice technologies will ultimately be the end-to-end 

voice transport method? 

a.  ATM 

b.  IP 

c.  frame relay 

2. Which of the following voice technologies is a transitional, interim solution? 

a.  ATM 

b.  IP 

c.  frame relay 

3. Which of the following voice technologies will remain in the backbone as a 
long-haul transit mode? 

a.  ATM 

b.  IP 

c.  frame relay 

4. Frame relay offers higher connectivity capabilities than IP. 

a.  true 

b.  false 

5. ATM enables on-net and off-net voice capabilities for users while the access 
line is shared by other applications. 

a.  true 

b.  false 

6. Currently, more than __________ percent of all traffic that originates as 
frame relay at the customers’ premises runs over an ATM backbone. 

a.  50 

b.  60 
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c.  70 

d.  80 

7. The most prominent IETF initiative falls under the banner of 
____________. 

a.  MPLS 

b.  H.323 

c.  QoS 

d.  DiffServ 

8. H.323 is considered to be better for implementations of IP telephony over 
wide-area networks than SIP. 

a.  true 

b.  false 

9. Voice over the Internet is not viable in the short term. 

a.  true 

b.  false 

10. Deployment models for __________ access involve the use of gateways 
between packet networks and the PSTN. 

a.  ATM 

b.  IP 

c.  both ATM and IP 

d.  neither ATM nor IP 

Correct Answers 
1. Which of the following voice technologies will ultimately be the end-to-end 

voice transport method? 

a.  ATM 

b.  IP 
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c.  frame relay 

See Overview. 

2. Which of the following voice technologies is a transitional, interim solution? 

a.  ATM 

b.  IP 

c.  frame relay 

See Overview. 

3. Which of the following voice technologies will remain in the backbone as a 
long-haul transit mode? 

a.  ATM 

b.  IP 

c.  frame relay 

See Overview. 

4. Frame relay offers higher connectivity capabilities than IP. 

a.  true 

b.  false 

See Topic 3. 

5. ATM enables on-net and off-net voice capabilities for users while the access 
line is shared by other applications. 

a.  true 

b.  false 

See Topic 3. 

6. Currently, more than __________ percent of all traffic that originates as 
frame relay at the customers’ premises runs over an ATM backbone. 

a.  50 

b.  60 
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c.  70 

d.  80 

See Topic 3. 

7. The most prominent IETF initiative falls under the banner of 
____________. 

a.  MPLS 

b.  H.323 

c.  QoS 

d.  DiffServ 

See Topic 3. 

8. H.323 is considered to be better for implementations of IP telephony over 
wide-area networks than SIP. 

a.  true 

b.  false 

See Topic 3. 

9. Voice over the Internet is not viable in the short term. 

a.  true 

b.  false  

See Topic 3. 

10. Deployment models for __________ access involve the use of gateways 
between packet networks and the PSTN. 

a.  ATM 

b.  IP 

c.  both ATM and IP 

d.  neither ATM nor IP  

See Topic 4. 
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Glossary 
ATM 
asynchronous transfer mode 

CLASS 
custom local area signaling service 

FRAD 
frame relay access device 

IETF 
Internet Engineering Task Force 

IP 
Internet protocol 

IPDC 
Internet protocol device control 

LAN 
local-area network 

MGCP 
multimedia gateway control protocol 

MMUSIC 
Multiparty Multimedia Session Control Working Group 

MPLS 
multiprotocol label switching 

PBX 
private branch exchange 

PoP 
point of presence 

PSTN 
public switched telephone network 

QoS 
quality of service 

SGCP 
simple gateway control protocol 
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SIP 
session initiation protocol 

SS7 
signaling system 7 

T1 
tier 1 

TCP/IP 
transmission control protocol/Internet protocol 

VoIP 
voice over Internet protocol 

WAN 
wide-area network 
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