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Abstract

This paper examines the signaling that takes place between the PSTN Switch and VoIP gateway. T1 and E1 circuits are explained, as are their capabilities to carry various bandwidth values. The common signaling systems, CAS and PRI, are discussed.

Introduction
VoIP is gaining popularity because it is changing the business of voice communication. The digitization and packetization of voice information will allow a would-be Internet Telephony Service Provider, ITSP, the ability to bundle voice and data for transport over the IP network. Today, we see the beginning of this aggregation with cable companies offering telephone, cable, and internet services under one price, and more specifically, through one medium—the coaxial cable.
There are many important companies involved with the development of VoIP technology
. Cisco
 is considered the pioneer, and supports major standards and proposed standards such as H.323, MGCP, and SIP.  These VoIP network architectures will be discussed in the following sections.  There will be an emphasis on H.323 because it is the most commonly used.
Bandwidth provisioning, better know as Quality-of-Service (QoS), is a hot topic and key marketing factor for ITSPs. Load balancing has a direct effect on QoS, so there are notable design considerations for VoIP gateways and gatekeepers.
Standards, proposed standards, and recommendations involve major organizations such as the International Telecommunication Union (ITU). One sector of the ITU is the ITU-T. This sector “produces high-quality standards (Recommendations) on technical, operating and tariff questions. At present, more than 2900 ITU-T Recommendations on some 70,000 pages are in force. Although ITU-T Recommendations are non-binding, they are widely used because they guarantee the interconnectivity and interoperability of networks and enable telecommunication services to be provided worldwide.”
 Another organization is the Internet Engineering Task Force. “The IETF is a loosely self-organized group of people who contribute to the engineering and evolution of Internet technologies. It is the principal body engaged in the development of new Internet standard specifications. The IETF is unusual in that it exists as a collection of happenings, but is not a corporation and has no board of directors, no members, and no dues.”

Implementing PSTN Switch and VoIP Gateway Trunk
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Figure 2-1 depicts
 a high level view of a H.323 VoIP Network. Note the complexity even at this level of granularity. Though, as academics we know that a complex concept can be more easily understood through decomposition. Here focus shall be put upon the connection between the Public Switched Telephone Network (PSTN) switch and the Voice-over-IP (VoIP) Gateway; namely, the trunk. Figure 2-1 hints of different trunk implementations: PRI, CAS, and SS7. In the sections to come, these implementations will be discussed in greater detail.
It should be noted that:

· VoIP is centered on the idea of packetization and digitization of voice data. 
· Gateways, Gatekeepers, and Directory Gatekeepers are key components in the H.323 VoIP Network Architecture

· H.323 VoIP Network Architecture is the most commonly deployed VoIP architecture

The reader may read this author’s VoIP Overview
 for more in-depth examination of VoIP basic concepts.

Trunks

A trunk represents a talk path between PSTN Switch and VoIP Gateway. And on this path, communication takes place in the form of signals. In-band signals travel with the voice traffic. Out-of-band signals travel separate from voice traffic. The signals travel on the data (D) channel and the voice travels on the bearer (B) channel.
Furthermore, trunks are logical separations of physical circuits. So, how many separations? How many trunks? Well, to put vaguely, there can be n-many trunks depending on the capacity of the circuit.
T1 Circuit
T1 is a four-wire circuit that uses two wires for transmit and two wires for receive. T1 has an eight-pin connector called the RJ-48C interface. It provides a digital stream of 24 channels; each rated at 64 kbps, for a total of 1.536 Mbps. But T1 is known better as providing 1.544 Mbps of bandwidth—the increase in bandwidth is due to T1 framing bits. The 1.544 Mbps signal is called a DS1 signal. The reader may be asking, “Is there a DS0?” Yes, DS0 refers to the 64 kbps signal available on the individual T1 channels. Lastly, industry uses T1 and DS1 interchangeably, though here it should be clear that the former refers to the circuit and the latter refers to the 1.544 Mbps signal that can be carried on other circuits.
E1 Circuit
The E1 circuit has the same physical traits as the T1: four-wire circuit that uses two for transmit and two for receive and terminates with an eight-pin connector. The number of channels increase from 24 through 32, with each carrying a 64 kbps signal. The channels, or timeslots, are number 0 – 31. Timeslot 0 is dedicated for framing and synchronization and timeslot 16 is dedicated for signaling. So, 30 channels are available for voice traffic resulting in a total line rate of 1.92 Mbps (30 x 64 kbps).
DS3 Signal

This is a high capacity signal equivalent to 28 T1s – 45 Mbps. DS3 has technical framing techniques captured in the M13 and M23 processes:

· 28 DS1 signals multiplex into 7 DS2

· Each DS2 contains 4 DS1 signals

· DS3 is the combined view of 7 DS2 signals

Lastly, the SONET Ring is commonly used to deliver the DS3 signal.
Now having discussed the circuits, focus returns to the communication between the PSTN Switch and VoIP gateway. There are three common systems: T1 CAS, PRI, and SS7.
CAS Trunks
The steps for establishing a call, and the signals on a Channel Associated Signaling (CAS) trunk, are described below:

1. Receiving gateway seizes a trunk to PSTN switch

2. Signals are exchanged

3. Switch determines route and establishes a connection

4. Address Complete Message is sent back to caller and caller hears ring tone

5. Callee answers

6. Call takes place

7. Signals are exchanged to release call
CAS uses in-band signaling because the signals are carried along with the voice in the same DS0. If T1 circuits are in use there are 24 available DS0s.
PRI Trunks
The Primary Rate Interface (PRI) signaling system uses out-of-band signaling. Thus, the channel usage is different. Again, if a T1 circuit is in use, there are 24 available DS0s. One DS0 will be used for signaling, leaving 23 DS0s for voice traffic. With PRI, the signals conform to ITU-T Q.921 and ITU-T Q.931 protocols.
Q.921
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Q.921 (Figure 6-2) provides full-duplex signaling between PSTN Switch and VoIP Gateway. This is a Layer 2 Protocol and communication is end-to-end. The message sequence follows:
1. Sender - Set Asynchronous Balanced Mode Extended (SABME) establishes data-link connection

2. Receiver - Connection confirmed with unnumbered acknowledgment (UA) message

3. Sender/Receiver - Exchange Q.931 Messages (RR)

4. Sender – Disconnect message (DISC) if no more RR messages

5. Receiver – Disconnect mode (DM)
Q.931


[image: image2]
Q.931 (figure above) provides full-duplex signaling between PSTN Switch and VoIP Gateway. This is a Layer 3 Protocol and is not end-to-end. Here is the message sequence:
1. Gateway sends SETUP message

2. Switch replies with various cause values
· CALL PROCEEDING – call is now in progress

· ALERTING – after called party has been alerted

· CONNECT – after called party has answered

· CONNECT ACK – gateway acknowledges

· DISCONNECT – one party initiates

· RELEASE

· RELEASE COMP
3. Exchange messages

Finally, Non-facility Associated Signaling (NFAS) is available and can be used to group T1 PRI trunks so that only one PRI’s signaling channel is used, leaving other PRIs’ 24 channels for voice traffic. This may increase volume of voice traffic.
Conclusion

This paper has examined the physical and logical components of the trunks, or talk paths, which connect the PSTN Switch and VoIP gateway. The physical components involve the T1 and E1 circuits. These circuits carry signals that can travel in-band with the voice data, or travel out-of-band separate from the voice data. The signals are controlled with common signaling systems such as CAS and PRI.
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