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INTRODUCTION

This Paper details the protocol of the newly developed
ATM Adaptation Layer 2 (AAL2), and provides
examples of the use of AAL2 for Voice-Over-ATM.

A brief overview of the ATM Adaptation Layer 1
(AAL1) protocol is also included to allow differentia-
tion between AAL1 and AAL2. Many readers will be
familiar with AAL1, which has been standardized in
both the ITU-T and ANSI since 1993, is incorporated
in the ATM Forum specifications for Circuit
Emulation Services, and is offered by several ATM
equipment manufacturers. However, few know the
details of the AAL2 protocol. Starting with an
overview of the AAL1 protocol should simplify the
process of understanding AAL2.

AAL?2 had its beginnings in a contribution to
Committee T1S1.5 entitled Short Multiplexed AAL
(SMAAL) in September, 1995, which was authored
by John Baldwin of Lucent. SMAAL was first intro-
duced to the ITU-T at the May 1996 meeting of Study
Group 13 in Geneva. At this meeting, AAL2 was initi-
ated under the temporary name of AAL-CU — for
composite user. The work on AAL-CU was given
high priority within the sub-group of Study Group 13
associated with AAL development. This resulted in
arguably the most rapid and stable development of
any Recommendation within the ITU-T.

From inception in May 1996 to technical agreement
on February 28, 1997, AAL2 was completed in the
record time of 9 months. This was primarily due to a
concerted effort by the ITU-T membership that had a
singular goal in mind: To develop an AAL geared to
the support of packetized voice and data over ATM,
with full backing of the ATM Forum.

While the ITU-T was developing the protocol for
AAL2, input from the ATM Forum VTOA (Voice
Telephony Over ATM) working-group substantiated
the critical need in the market for an AAL that fully
satisfied the requirements for Voice-Over-ATM.

The cooperation between the ATM Forum, which
identified market needs, and the protocol experts at
the ITU-T resulted in anew AAL that isideally suited
for Voice-Over-ATM applications— AAL2.

AAL?2 is defined in the ITU-T Recommendation
1.363.2 that was determined at the Study Group 13
meeting in Seoul, Koreain February 1997 and will be
approved at the September 1997 Study Group 13
meeting in Toronto.

For information on GDC's solution for VBR Voice-
Over-ATM using AAL2, see the GDC paper “APEX
Voice Service Module — Product Overview.”



THE ATM ADAPTATION LAYER

The ATM Adaptation Layer (AAL) performs func-
tions required by the user, control and management
planes and supports the mapping between the ATM
layer and the next higher layer. The functions per-
formed in the AAL depend upon the higher layer
requirements. In short, the AAL supports al of the
functions required to map information between the
ATM network, and the non-ATM application that may
beusingit.

Different adaptation layers exist to carry traffic as
diverse as packet-based or isochronous (T1 or E1)
over the ATM backbone. AALs are standardized in
the ITU-T 1.363.x series of Recommendations. The
two most commonly implemented are AAL1 (per
1.363.1), which supports isochronous transmission —
circuit emulation, for example — and AALS5 (per
1.363.5), which supports carrying packet data, such as
Frame Relay, over ATM.

ATM ADAPTATION LAYER 1 (AAL1)
Asdefined in ITU-T Recommendation 1.363.1, AAL1
provides the following services to the AAL user:

* Transfer of service data units with a constant
source hit rate and the delivery of them with the
same bit rate

» Transfer of timing information between source
and destination

* Transfer of structure information between
source and destination

¢ Indication of lost or errored information not
recovered by AAL 1, if needed.

The primary application for AAL1 is circuit emula-

tion, that is, to provide a constant-bit-rate (CBR) ser-
vice, enabling simplistic isochronous transports of
|eased-lines across the ATM backbone. To achieve
this, AAL1 typically uses the ATM CBR service cate-
gory definition, which specifies the Peak Cell Rate
(PCR), Cell Loss Ratio (CLR), and Cell Delay
Variation (CDV) necessary in the ATM network to
support the application. This cell flow is independent
of information contained within the service rate —
i.e., cells continue to flow on the ATM virtua circuit
even when there is no traffic.

The ATM Forums' Circuit Emulation Interoperability
Specifications Versions 1 and 2 define the overall
architecture and specification for this kind of
application.

In addition to the constant cell flow using AAL1, the
information payload contained within each cell is set
by the basic structure of AAL1 (Figure 1). The infor-
mation payload for AAL1 is always 47 octets, the
basic structure used for circuit emulation. Optional
structures for AAL1 add additional overhead, reduce
the information payload and are used for structured
circuit emulation. When assessing the use of AAL1L
for Voice-Over-ATM, it is significant to note that the
AAL1 protocol has the following limitations:

¢ Only asingle user of the AAL can be supported

¢ Reducing delay requires significant additional
bandwidth

* Bandwidth is used even when there is no traffic
¢ Voiceisaways 64K or bundles of 64K (N x 64)

* No standard mechanism in the AAL1 structure
for compression, silence detection/suppression,
idle channel removal, or CCS (Common
Channel Signaling).

™

Cell Header| SN Field| SNP Field SAR-PDU Payload
5 octets 4 bits 4 bits 47 octets
SAR-PDU Header N
SAR-PDU (48 octets)
< >

FIGURE 1 — AAL1 SAR-PDU
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ATM ADAPTATION LAYER 2 (AAL2)

The basic functions of the AAL2 protocol are consis-
tent with AAL1L, in that both enhance the service pro-
vided by the ATM layer to support functions required
by the next higher layer. However, AAL2 goes beyond
AAL1 by defining a structure that includes functions
supporting higher layer requirements neither consid-
ered or possible within the structure of AALL.

AAL 2 provides for the bandwidth-efficient transmis-
sion of low-rate, short, and variable packets in delay
sensitive applications. It enables support for both
Variable-Bit-Rate (VBR) and Constant-Bit-Rate
(CBR) applications within an ATM network. VBR
services enable statistical multiplexing for the higher
layer requirements demanded by voice applications,
such as compression, silence detection/suppression,
and idle channel removal. AAL2's VBR and CBR
capabilities mean that network administrators can take
traffic variations into account when designing an
ATM network and to optimize the network to match
traffic conditions.

In addition, AAL 2 enables multiple user channels on
asingle ATM virtual circuit and varying traffic condi-
tions for each individual user, or channel.

The structure of AAL2 aso provides for the packing
of short length packets into one (or more) ATM cells,
and the mechanisms to recover from transmission
errors. In contrast to AAL1, which has a fixed pay-
load, AAL2 offers a variable payload within cells and
across cells. This functionality provides a dramatic
improvement in bandwidth efficiency over either
structured or unstructured circuit emulation using
AAL1L. Seethe GDC Paper “Adapting Voicefor ATM
Networks — A Comparison of AAL1 versus AAL2”

In summary, AAL2 provides the following advantages
when compared with AALL:
e Bandwidth efficiency

e Support for compression and silence
suppression

e Support for idle voice channels

e Multiple user channels with varying bandwidth
on asingle ATM connection

« VBRATM traffic class

The structure of AAL2, as defined in ITU-T
Recommendation 1.363.2, is shown in Figure 2.

1
! AAL-SAP 1
1
1 1
H i SSCS-PDU SSCS-PDU 1
1
SerVICeSpeCIfIC Header SSCS-PDU Payload Trailer I
1 Conversion , )
(if present) (if present) I
I Sublayer (SSCS)
[ P SSCS-PDU - !
) 7 1
1
! CPS-Pack :
PS-Packet
1 Headzcr € CPS-Packet Payload 1
| (CPS-PH) (CPS-PP) 1
1 P CPS-Packet - '
1 Common Part < »> !
I Sublayer (CPS) Start Field '
1 (STF) CPS-PDU Payload 1
1 1
[ P CPS-PDU - [
1 - ATM-SAP 7 1
[ .T _________________________ —
ATM Layer | Cell Header Cell Payload

FIGURE 2 — AAL2 STRUCTURE
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AAL?2 is divided into two sub-layers. the Common
Part Sub-layer (CPS) and the Service Specific
Convergence Sub-layer (SSCS).

AAL2 Common Part Sub-Layer

Fully defined in 1.363.2, the CPS provides the basic
structure for identifying the users of the AAL, assem-
bling/disassembling the variable payload associated
with each individual user, error correction, and the
relationship with the SSCS. Each AAL2 user can
select a given AAL-SAP associated with the Quality
of Service (QoS) required to transport that individual
higher layer application. AAL2 makes use of the ser-
vice provided by the underlying ATM layer. Multiple
AAL connections can be associated with a single
ATM layer connection, allowing multiplexing at the
AAL layer. The AAL2 user selects the QoS provided
by AALZ2 through the choice of the AAL-SAP used
for datatransfer.

AALZ2's CPS possesses the following characteristics:

It is defined on an end-to-end basis as a concate-
nation of AAL2 channels.

Each AAL2 channel is abi-directional virtual
channel, with the same channel identifier value
used for both directions.

AAL2 channels are established over an ATM
layer Permanent Virtual Circuit (PVC), Soft
Permanent Virtual Circuit (SPVC) or Switched
Virtua Circuit (SVC).

The multiplexing function in the CPS merges severa
streams of CPS packets onto asingle ATM connection.

The format of the CPS packet is shown in Figure 3.

Key fields of the CPS packet are the Channel
Identifier (CID), the Length Indicator (LI), and the
User-to-User Indication (UUI) fields. These are
defined below.

CID Field: Uniquely identifies the individual user
channels within the AAL2, and allows up
to 248 individua userswithin each AAL2
structure. Coding of the CID field is

shown below.

Value Use

0 Not Used

1 Reserved for Layer
Management Peer-to-Peer
Procedures

2-7 Reserved

8-255 Identification of AAL2 User

(248 total channels)
LI Field: Identifiesthe length of the packet payload
associated with each individua user, and
assures conveyance of the variable pay-
load. The value of the LI is one less than
the packet payload and has a default value
of 45 octets, or may be set to 64 octets.

Provides a link between the CPS and an
appropriate SSCS that satisfies the higher
layer application. Different SSCS proto-
cols may be defined to support specific
AAL?2 user services, or groups of ser-
vices. The SSCS may also be null.

UUI Field:

CID
8 bits

LI
6 bits

Uul
5 bits

HEC
5 bits

\

CPS-INFO
1 to 45/64 octets

< CPS Packet Header (CPS-PH)

\

CPS Packet Payload (CPS-PP) >

>

<

CPS Packet

(
HEC = Header Error Control

>
CPS-INFO = Information

FIGURE 3 — FORMAT OF THE AAL2 CPS PACKET



Coding of the UUI field is as shown

below:

Value Use

0-27 Identification of SSCS entries

28,29 Reserved for future
standardization

30,31 Reserved for Layer

Management (OAM)

After assembly, the individual CPS Packets are com-
bined into a CPS-PDU Payload as shown in Figure 4.
The Offset Field identifies the location of the start of
the next CPS packet within the CPS-PDU. For robust-
ness the Start Field is protected from errors by the
Parity bit and data integrity is protected by the
Sequence Number.

AAL2 Service Specific Convergence Sub-Layer

In ITU-T Recommendation 1.363.2, the SSCS is
defined as the link between the AAL2 CPS and the
higher layer applications of the individual AAL2
users. Several SSCS definitions that take advantage of
the AAL2 structure for various higher layer applica-
tions are planned.

A null SSCS, already understood and used in conjunc-
tion with the AAL2 CPS, satisfies most mobile voice
applications. Thisis clearly evidenced by the consoli-
dation of the ATM Forum VTOA Mobile and VTOA
Landline Trunking sub-groups into a single VTOA
Trunking group.

To satisfy higher layer requirements associated with
data and AAL2 configuration messages — called

AAL2 Negotiation Procedures, or ANP — an SSCS
for segmentation/reassembly (temporarily called
I.SEG) is in development within the ITU-T Study
Group 13.

For peer-to-peer application interoperability, a stan-
dard SSCSto satisfy voice trunking over ATM has yet
to be defined, but standards work is progressing rapid-
ly in this area. Work on an SSCS for trunking was
added to new work items in Study Group 13 at the
February, 1997 meeting. Parallel activities are ongo-
ing in the ATM Forum VTOA Trunking Group under
the program that is now titled “ATM Trunking using
AAL?2 for Narrowband Services’ (previously called
VTOA Landline Trunking Phase 2).

It is expected that the ATM Forum will identify a crit-
ical market need for a SSCS for trunking and that the
ITU-T will respond quickly with an appropriate proto-
col standard.

Recognizing the need for a new adaptation layer to
satisfy voice applications, and understanding the rela-
tionship between the ITU-T and the ATM Forum,
GDC chose to both assist in accelerating the comple-
tion of the AAL2 standard, and in parallel develop
ATM products that are compliant with AAL2. See the
GDC paper “APEX Voice Service Module — Product
Overview” for a description of GDC's AAL2 solution.

With regard to an SSCS for trunking, GDC continues
to drive towards completion of this standard in both
the ITU-T and the ATM Forum and is committed to
incorporation of a standard SSCS for trunking in our
ATM products.

\ \

Cell Header OSF S A PAD
5 octets 6 bits |N 0 to 47 octets
Start Field CPS-PDU Payload
< > < >
CPS-PDU
< >

OSF: Offset Field

SN: Sequence Number (1bit)

P. Parity (1 bit)
PAD: Padding

FIGURE 4 — FORMAT OF THE AAL2 CPS-PDU



AAL2 PROTOCOL EFFICIENCY

An important aspect of AAL2 is Packet Fill Delay.
Packet Fill Delay allows the network operator to set a
time period during which AAL2 PDUs are assembled
and then segmented into cells. The setting of Packet
Fill Delay allows the operator to alter the delay char-
acteristic of voice into the ATM adaptation phase of
AAL?2. Different voice circuits may have different
minimum delay requirements, and it is important to be
ableto trade off delay and efficiency within the Voice-
Over-ATM environment.

Table 1 shows the relationship between the Packet Fill
Delay and the AAL2 PDU payload required to sup-
port a single voice channel. For example, for a single
32K ADPCM voice channel with a Packet Fill Delay
setting of 2 ms, each AAL2 PDU goes out with an 8
byte payload supporting the voice channel. If the
value of Packet Fill Delay is doubled to 4 ms, then
each 32K ADPCM voice channel will fill 16 bytesin
every AAL2 frame before being sent into the ATM
network.

Table 2 lists both PCM and 32K ADPCM channels
with various Packet Fill Delay parameters to provide a
basic understanding of the protocol efficiency for
AALZ2. However, while evaluating the protocol pay-

load and overhead may have meaning for a statisti-
cian, it is totally removed from the real benefit of
AAL2,which is significant reduction in bandwidth
requirements for a given application. To allow multi-
plexing within an AAL, additional overhead is
required, but the net result is vastly improved band-
width efficiency.

AAL2 BANDWIDTH EFFICIENCY

Due to the complexity of dealing with both fixed and
statistical compression in a voice channel (for exam-
ple, ADPCM and silence suppression) and the further
complication of packing these voice channels into
ATM cdlls, it is difficult to provide a simple formula
to calculate the theoretical ATM bandwidth needed to
support a voice service inside the ATM network.
However, the following examples help to illustrate
what bandwidth efficiency may be expected from an
AAL2 VBR Voice Service.

Figure 5 shows how an AAL2 PDU supporting six
32K ADPCM channels with a Packet Fill Delay value
of 4 mswould be structured.

Further examples of the structure of an AAL2 PDU
with varying values for Packet Fill Delay are shown in
Figures 6, 7 and 8.

TaBLE 1 — PAcCKeT FiLL DeELAY VERsUS AAL2 PDU PayLoaD

Packet Fill Delay CPS Header 32K ADPCM 64K PCM
2 ms 3 bytes 8 byte payload 16 byte payload
4 ms 3 bytes 16 byte payload 32 byte payload
6 ms 3 bytes 24 byte payload 48 byte payload
8 ms 3 bytes 32 byte payload 64 byte payload

TABLE 2 — AAL2 ProTocoL EFFICIENCY

Channel Header Payload Efficiency
32K ADPCM (4ms) 3 bytes 16 byte payload 84%
32K ADPCM (8 ms) 3 bytes 32 byte payload 91%
PCM (4 ms) 3 bytes 32 byte payload 91%
Default LI 3 bytes 45 byte payload 94%
Maximum LI 3 bytes 64 byte payload 96%




CELL 2
PAD
16
27
CELL 3
= CELL HEADER] = START FIELD =CPS HEADER = CPS PACKET
(5 BYTES) (1 BYTE) (3BYTES) PAYLOAD

FIGURE 5 — SIX CHANNELS OF 32K ADPCM WITH 4 MS PACKET FILL DELAY

| %

CELL 4

= CELL HEADER] = START FIELD = CPS HEADER = CPS PACKET
(5 BYTES) (1 BYTE) (3 BYTES) PAYLOAD

FIGURE 6 — SIX CHANNELS OF 32K ADPCM WITH 6 MS PACKET FILL DELAY

e
CELL1 -~
K
CELL2 .~ cPS
' B e
CELL3,.~—
CELL4 .~
AT
H=1%
CELLS
= CELL HEADERJ = START FIELD [j = CPS HEADER[ —]= CPS PACKET
(5 BYTES) (1 BYTE) (3BYTES) PAYLOAD

FIGURE 7 — SIX CHANNELS OF 32K ADPCM WITH 8 MS PACKET FILL DELAY

| B

CELL1
7 16 16 cPs
N2+
CELL 2 e
PAD
16 16 |5,
CELL3
= CELL HEADER] = START FIELD [ = CPS HEADER[]= CPS PACKET

(5 BYTES) (1BYTE) (3BYTES) PAYLOAD

FIGURE 8 — ONE CHANNEL OF 64 K PCM AND FIVE OF 32K ADPCM WITH 4 MS
PACKET FILL DELAY



TABLE 3 — BANDWIDTH REQUIRED UsING AALZ2 FOR Six VoicE CHANNELS

# of Channels Channel  AAL Packet Fill Silence Bandwidth
Rate Delay (ms) Suppression (Kbps)
6 64K 2 6 No 495
6 32K 2 4 No 318
6 32K 2 6 No 283
6 32K 2 8 No 265
6 64K 2 6 Yes 198
6 32K 2 4 Yes 128
6 32K 2 6 Yes 113
6 32K 2 8 Yes 106

Table 3 shows the use of AAL2 for six channels given
the parameters of basic compression factor (none or
32K ADPCM), the encoding delay value, Packet Fill
Delay, and support for silence suppression on or off
(assuming 50% silence). The absolute bandwidth
required to support the service within an ATM trunk is
shown in the last column.

AAL2 Voice-Over-ATM Trunking Efficiency

Another possible way to view the efficiency of an
AAL2 connection isto identify how many voice chan-
nels may be carried over a fixed bandwidth ATM
trunk between ATM network elements.

Figure 9 shows the number of voice channels that can
be carried over a T1 ATM trunk using AAL2. The X-
axis represents the value of Packet Fill Delay, and the
Y-axis shows the number of voice channels carried.
Plots are shown for both 64K PCM and 32K ADPCM
casesinthe AAL2 frame.

Note that using 64K PCM inside an AAL2 frame, a
maximum of 18 channels can be supported with a

delay of up to 8 ms. But for the 32K ADPCM encod-
ed channels, a maximum of 35 channels may be
supported.

If we include silence suppression, significant gains
can be seen. Assuming that a voice circuit contains
50% silence and that 20% of all channels are idle at
any one time, we see that the number of 64 K PCM
channels supported by AAL2 more than doubles from
18 to 45 with 8 ms of Packet Fill Delay by adding
silence detection/suppression and idle channel
removal. (Figure 10) When we add 32K ADPCM
compression, the T1 trunk can accommodate up to 87
high-quality, multiplexed voice channels.

Finaly, if we add the fact that when these voice chan-
nels are not busy (e.g. overnight) the bandwidth being
used for voice is available for other applications
(remote server archiving or software download, for
example), then ATM networks begin to emerge as the
only viable underlying technology for efficient Wide
Area Multiservice Networking.
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SUMMARY

This paper introduced the reader to the new ATM
Adaptation Layer 2 (AAL2) as defined in the ITU-T
Recommendation 1.363.2, including protocol details,
examples of the use of AAL2, and unique features
afforded with the completion of an SSCS for trunking.

It should provide a basic understanding of AAL2 and
identify the benefits associated with this new adapta-
tion layer. By far the most important benefit of AAL2
is the ability to substantially reduce bandwidth
requirements for supporting voice on ATM networks,
and the inherent flexibility to add features via the
SSCS sub-layer structure.

For a detailed comparison of the benefits and
improvements in efficiency afforded by using AAL2
for Voice-Over-ATM in lieu of using AAL1, see the
GDC Paper “Adapting Voice For ATM Networks — A
Comparison of AAL1 Versus AAL2". After reading
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this companion paper, we are sure that you will add
the support of AAL2 to your list of mandatory ATM
product requirements, and in all likelihood shift
AAL1 from a mandatory to an optional regquirement
for the support of Voice-Over-ATM.

Recognizing the benefits of AAL2 for Voice-Over-
ATM, GDC has not only strived for standards compli-
ance, but also developed the Voice Service Module
(VSM) as an addition to our APEX ATM Product
Family to support both AAL2 and AAL1. For detailed
information on this GDC product, see the paper
“APEX Voice Service Module — Product Overview.”

To understand the economic benefits of GDC's VSM,
see the TeleChoice case studies “Voicing The Case
For ATM Enterprise Networks,” “Voicing The Case
For ATM Value-Added Services,” and “Voicing The
Case For ATM Carrier Backbones.”



GLOSSARY

AAL1

AAL2

AALS

AAL-CU

ADPCM

ANSI

ATM

CBR

CCSs

CDR

CES

CiD

ATM Adaptation Layer 1 defined in ITU-
T 1.363.1. The type of ATM adaptation
principally used for circuit emulation ser-
vices over an ATM network.

ATM Adaptation Layer 2 defined in ITU-
T 1.363.2. A new type of ATM adaptation
used for variable-bit-rate Voice-Over-
ATM services.

ATM Adaptation Layer 5 defined in ITU-
T 1.363.5. The type of ATM adaptation
principally used for frame and packet
transport over an ATM network.

ATM Adaptation Layer-Composite User
Adaptive Differential Pulse Code
Modification. A compression algorithm
for voice asdefined in ITU-T G.726.
American National Standards Institute
Asynchronous Transfer Mode. The cell
relay service that transfers mixed traffic
types over a common communications
medium.

Constant-Bit-Rate

Common Channel Signalling

Cell Delay Variation

Circuit Emulation Service as specified by
the ATM Forum.

Channel IDentifier

CLR
CPS
GDC

ITU-T

Kbps
LI

ms

PDU

SMAAL

SSCS
uul
VBR

VSM

VTOA
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Cell Loss Ratio

Common Part Sub-Layer

General DataComm

International Telecommunication Union -
Telecommunications Standardization
Sector

Kilobits per second

Length Indicator

Milliseconds

Pulse Code Modulation. The basic modu-
lation scheme for transporting voice chan-
nelsin 64 Kbpstimeslots.

Peak Cell Ratio

Protocol Data Unit

Short Multiplexed ATM Adaptation
Layer

Service Specific Convergence Sub-Layer
User-to-User Indication
Variable-Bit-Rate

Voice Service Module. GDC's new, |ead-
ing edge VBR Voice-Over-ATM module

for the APEX family.

Voice Telephony Over ATM. A working
group of the ATM Forum
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(800) 523-1737

For 24-hour delivery, call GDC

QUIKSHIPPERS* at 1-800-432-2228

U.S. Government Sales

Washington, DC (703) 205-2960

SUBSIDIARIES

Australia

Tel: 61-2-9956-5099

Fax: 61-2-9956-5083

Canada

Tel: 416-498-5100

Fax: 416-499-0248

France

Tel: 33-1-4762-6200

Fax: 33-1-4762-9696

Germany

Tel: 49-69-950840

Fax: 49-69-5073259

Mexico

Tel: 52-5-645-2238

Fax: 52-5-645-5976

Russia

Tel: 7-812-325-1085

Fax: 7-812-325-1086

United Kingdom

Tel: 44-1189-774-868

Fax: 44-1189-774-871

INTERNATIONAL REGIONAL OFFICES

Asia

Singapore

Tel: 65-735-2123

Fax: 65-735-6889

Hong Kong

Tel: 852-25265511

Fax: 852-25259944

China

Tel: 86-10-6500-6589

Fax: 86-10-6500-6590

Japan

Tel: 81-3-3862-1730

Fax: 81-3-3862-6326

Europe/Africa/Middle East

United Kingdom

Tel: 44-1189-774-868

Fax: 44-1189-774-871

Latin America

Argentina

Tel: 54-1-315-6086

Fax: 54-1-312-2819

Brazil

Tel. 55-11-535-0232

Fax: 55-11-542-0547

Miami, Florida

Tel: 1-954-724-3511

Fax: 1-954-724-5397

For the name and address of your local
distributor, contact your nearest area office or
General DataComm International Headquarters
All specifications subject to change without notice.
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