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FOREWORD

This study was conducted for the Defense Communications Agency

under Contract No. !DCA100-75-C--0048 by the Honeywell Systems and

Research Center , 2600 Ridgway Road , Minneapolis , Minnesota. The

report covers the work performed from April 1975 to June 1976.

The following Honeywell personnel made significant contributions

to the study effort reported herein: Dr. H. G. Schinitz , Principal
Investigator ; Mr. T .  L. Saxton , Co-Principal Investigator ;

Dr. C. C. Huang and Mr. J. A. White , Investigators.

Dr. Cass DeFiore served as contract monitor for the Defense

Communications Agency . 
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ABSTRACT

Recent Defense Communications Agency studies have shown the

desirability of an all-digital , switched network which integrates

on a single transmission line, voice , interactive, and bulk data.

This document describes the effort and results of a study directed

at specif ying the network structure and types of nodes required for
such a network. Specific emphasis was placed on investigating

and evaluating the feasibility of applying associative and parallel
processing techniques to all-digital , switched, integrated networks.

Results of this contract indicate that , using a line integration
technique like the one described in this report , such a network
definition is possible and that parallel and associative processing
techniques can be used in its implementation . Areas requiring

further investigation are also identified .
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SECTION 1

INTRODUCTION

Recent DCA studies have shown the desirability of an all-dig ital ,

switched network which integrcttes voice , interactive , and bulk

data for the l98Ot s. At present , numerous distinct communi-

cations networks provide these services , independent of one
another. Each network serves the distinct set of requirements

imposed by a unique user class. Examples of such networks in-

clude the AUTOVON and AUTODIN systems maintained by the Defense
Communications Agency (DCA) . Additionally, it has been estab-
lished that the primary cost is , and will cont inue to be ,

associated with the transmission segment of the network . The

objective of this study has been to formulate methods of opti-

mally integrating voice and data traffic in such a way that

rna~ imum sharing of network resources is provided to the economic

benefit of all user classes.

This study takes advantage of new and unconventional computer

architectures to implement control and switching functions.

Specifically, the study was aimed at investigating and evaluating

the feasibility of applying associative and parallel processing

techniques to all-digital , switched , integrated networks.

The effor t had two main thrusts towards a common goal. First ,

a “top-down ” system design approach was used . It was based on

a functional and performance baseline that insured commonality

and modular ity in the imp lementation. Meanwhile , a “bottoms—up ”

approach was also considered in order to provide evolutionary

rather than revolutionary growth and transition from existin

g1
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and near-future network plans and equipment to the all-digital ,

integrated network . The two approaches converged to define an

integrated network concept employing associative and parallel
processing techniques.

The major objectives of the study program were two-fold :

1) Functionally des ign an all digital ,
switched , integrated network and
identify the resultant netwo rk
structure in terms of node types
and functions

2) Evaluate nodal architectures in-

corporating associative and parallel

processing techniques optimized for
the concept and define basic com-

ponent building blocks

The study program was conducted as a series of five tasks designed
to emphas ize key issue s, ensur ing the best solution to the
problems encountered.

Task 1: Establish User Requirements Baseline

Task 2: Functional Design of Integrated Switch

Task 3: Analysis of Integrated Switch Requirements

Task 4: Application of Architectures

Task 5: Specification of Selected 
Architecture2



Section 2 of this report presents the user requirements baseline

which was developed during the execution of Task 1. Three user

categories were Identified and their requirements characterized

in this task.

The results of Tasks 2 and 3 are combined and presented in
Section 3 of this report. Here , the functional characteristics

of an integrated, switched network , like network structure and

call control procedures are enumerated . These characteristics

were formulated in response to the user requirements established

in Task 1. Tasks 2 and 3 constituted the bulk of the effort

conducted on this study .

Section 4 documents the results of the “Application of Archi-

tectures” and “Specification of Selected Architecture ” tasks by

presenting the node data path structure and an associative

switching technique for handling line switched calls. Also

included in this section is a description of the hardware struc-

ture necessary for processing packet-switched calls and data .

Section 5 gives a summary of the work performed to date and

recommendations for future work .

3 
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SECTION 2

USER REQUIREMENTS BASELINE

This section presents baseline requirements as two categories:

• Network requirements

• User requirements

Within each category , performance requirements are also presented .

When poss ible , specif ic reference is made to exis ting operating

procedures and protocols.

The requirements were developed by consolidating information from

three sources: 1) documentation of existing or planned systems ,

2) literature on new network designs , and 3) DCA planning informa-

tion . The resulting user requirements baseline was generated in

a form suitable for definition of an integrated network .

NETWORK CHARACTERISTICS

Application of Associativ2 Processing

The network design approach should take maximum advantage of

associative processing techniques , which are meant to encompass

parallel processing and associative memories , in the switch design
as well as for multiplexing and compression.

Network Structure

A hierarchical network is envisioned to provide for a tandem level

trunk switched ne twork interfacing to users via local access .

5
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The network switches will use common equipment whenever possible

for the data path connections and signalling , supervision, and
control paths as well as for switch control. A hybrid circuit/

packet switch is envisioned .

Network Users

Network users fall into the general categories of voice (clear
and secure) , narrative/record message , interactive data , and bulk
data. Other specific uses will include:

• Providing the backbone network for AUTODIN I hosts

• Providing an alternate network for AUTOVON subscribers,

primaril y for data transmissions

• Providing ports for terminal access to ARPANET—like

network services

• Interconnecting various data terminals and computer services

Interconnection of Incompatible Services

Various subscribers and services with incompatible data rates and

protocols will be afforded interconnection whenever feasible through

buffering and translation services provided by the network.

Transparency

The network should be transparent to high level protocols already

established , tested , proven , and operable , as currently implemented

on the ARPANET [1]. HOST-HOST protocols and higher are specif i-

cally external to the network and thus must be independent of

the network design and structure

.6



USER LEVEL REQUIREMENTS

User Classes

Three distinct classes of users have been defined .

Class I: On Demand, Fixed Delay -- This class of traffic is
characterized by calls comprised of continuous transmission

(perhaps one long transaction) which the network accepts without

delay and forwards with a fixed delay (voice , facsimile , video).

Class I consists of two subclasses :

Class IA: Noncompressible

Calls in this subclass require continuous transm ission
and bit count integrity .

Class IB: Compressible

Calls in this subclass may be compressed to reduce their
bandwidth requirement. Pause removal is one possible
compression technique. Bit count integrity is not required .

Class II: On Demand, Variable Delay -- This class of traffic is
characterized by calls comprised of discontinuous bursts of short

transactions which can tolerate variable delays so long as the

average delay (or maximum worst case delay , depending on the design

criteria) is near real time and does not exceed an acceptable value ,

TD. Two subclasses , A and B , are further defined. Class A includes

interactive data ~nd has a relatively short delay , TDA. Class B

is fo r narr at ive/ record message traff ic with a longer delay , T

DB.7



Class III: As Available, Variable Delay —— This class of traffic

is characterized by calls comprised of long non-real time transac-

tions which may be interrupted and may be delivered with signif i-

cant variable delays (bulk data).

Types of Service

The types of service provided to users depend upon the user ’s prece-

dence level. The precedence level is based on priority and class.

Various schemes for assigning precedence are possible , depending
on the rules established for allocating bandwidth . Specifically ,

a rule which will allow allocation of the entire bandwidth to the

highest precedence user will lead to significantly different scheme s
than one which guarantees a minimum fraction of the total band-

width for each level and for each user class. The amount of band-

width allocated to each class will be parameterized so that it may

be tailored to fit each switch installation ’s traffic requirements.

This will allow a potential reservation for each class ranging

from none to any percentage. In the case of no reserved bandwidth

for a class , that class would still be guaranteed a minimum service
level via preemption .

Five levels of precedence may be used to provide the following types

of service for Class IA:

Class IA -- Priority 1 Non-blocking (always accepted)

2 Accepted without delay or blocked ;

probability of blocking = 
~Al

3 Accepted without delay or blocked ;

probability of blocking = 

~A2
4 Accepted without delay or blocked ;

probability of blocking =

8
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Class IA -- Priority 5 Accepted without delay or blocked;

probability of blocking = 

~A4

where 
~Al < 

~A2 
< 

~A3 
<

Classes lB . h A , IIB , and III may be combined into a single pre-

cedence structure as shown in Table 1.

Table 1. Precedence Structure

PRECEDENCE LEVEL PRIORITY DESCRIPTION

1 0 Control
2 1 Class iB

3 2 Class lB
4 3 Class lB

5 4 Class lB

6 5 Class lB

7 1 Class h A
8 1 Class IIB

9 1 Class III
10 2 Class h A

11 2 Class IIB

12 2 Class III
13 3 Class h A
14 3 Class IIB
15 3 Class II I

16 4 Class h A
17 4 Class IIB
18 4 Class III
19 5 Class h A
20 5 Class IIB
21 5 Class III

9 



The corresponding types of service are :

Class lB -- Priority 1 Non-blocking (always accepted)

2 Accepted without delay or blocked ;

probability of blocking = 
~B1

3 Accepted without delay or blocked ;

probability of blocking = P
52

4 Accepted without delay or blocked ;

probability of blocking = P
53

5 Accepted without delay or blocked ;

probability of blocking = P
54

where < 

~B2 
< 

~B3 
< 

~B4

Class IIA —- Priority 1 Accepted with delay = T
DA1

2 Accepted with delay = TDA2
3 Accep ted with delay = T

DA3
4 Accepted with delay = TDA4
5 Accepted with delay = T

DA5

where TDA1 < TDA2 
< TDA3 < TDA4 < TDA5.

Class 115 -- Priority 1 Accepted with delay = TDB1
2 Accepted with delay = T

DB2
3 Accepted with delay = TDB3
4 Accepted with delay = TDB4
5 Accepted with delay = TDB5

where TDB1 < TDB2 
< TDB3 < TDB4 < TDB5.

Class III -- Priority 1 Accepted but interruptable ,

delay = TD1

10



_ _  S - - -‘- 

Class III -— Priority 2 Accepted but interruptable ,

delay = TD2
3 Accepted but interruptable ,

delay = T
D3

4 Accepted but interruptable ,

delay = TD4
5 Accepted but interruptable ,

delay = T
D5

where TD1 < T~ 2 < T~ 3 
< T~ 4 < TDS.

For all classes the initial call dialogue is permitted to take

place in order to determine the Precedence Level (PL) of the user.

For Classes II and III , data is not actually preempted. Rather ,
priority to buffer space is given to higher precedence traff ic.

For Class I users , the status of the called subscriber will be
determined (unless the total bandwidth available to Class I users

of equal or higher precedence is already allocated) and if not
busy , the connection will be made . If the total bandwidth avail-

able to the requesting Class I user is allocated , the call will
be blocked and lost (i.e., the initial call dialogue information

will be discarded).

For Class II , the network will provide service equivalent to that

provided by the current ARPANET. That is , the network will be

transparent to the HOST-HOST protocol. The initial call dialogue

will consist of a message from a particular host subscriber to
the node . The node , af ter acceptance of the message , will store

the call control information contained therein and return an abbre-

viated address for future use along with a Request For Next Message

(RFNM) when ready . Thereafter , ohe subscriber may input a message

11
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into the node using the abbreviated address whenever it has

received an RFNM from the node.

The call may be cleared by a HOST-NODE message to take down the

call or by a NODE-HOST message based on a time-out or critical

system component outage.

This will result in destruction of the stored routing data. Note

that the purpose of the RFNM is to control network congestion .

The RFNM is completely separate from and transparent to the HOST-

HOST protocol.

Class III users are offered service on the same basis as Class II
except that , since messages are longer , the network may arbitrarily
interrupt input in the middle of a message by, for example , stopping
a clock provided to the user for timing his input.

User Class Characteristics

Users in a given class may establish calls only with other users

in the same class , i.e., no inter-class communication is possible.

Class I -- A number of subclasses can be defined based primarily

on the data rate required for I/O and the technique used for com-

pression (if any) .

Subclass

User Type Clear Secure Data Rate

Voice V0C VoS 2.4K ,8K ,l6K ,64K

Facsim ile FC FS 4.8 to 300K

Video ViC ViS �. 150K

12
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Clear signals may be compressible (Class IB). Secure signals are

characterized by the lack of detectable signal presence and so

are not compressible. For voice, the 8K and 16K bps data rates
are assumed to be generated by a CVSD processor and the 64K bps

S by an 8-bit PCM encoder taking 8000 samples per second . The clear

CVSD voice is further compressible through recognition and removal

of pauses. The clear PCM is further compressible through pause

removal as well as redundancy removal within talk—bursts. Video

and facsimile are treated as noncompressible (Class lA).

Additional Class I characteristics include :

• Call lengths are exponentially distributed with a

5—minute mean.

• Cross network connection time is 3 seconds nominal

after completion of call initiation dialogue .

• Maximum cross network delivery after connection is

250 milliseconds.

• There is no error control .

• Blocked calls are lost.

• Bit count integrity of secure signals is important.

• All received data streams from access lines at the

node are synchronized to the local switch clock. In

the c:se of digital local subscriber loops , the transmit
signal will provide clocking to the subscriber equipment

through , for example , clock recovery from a bipolar
coded signal.

• All users are permanently assigned network ports.

• The initial call dialogue is generically the same for

all subclasses. Subscriber addressing will be accomplished

13



via a numbering scheme equivalent to AUTOVON with the

capability to specify preemption level and security

classification as additional dialed digits. The identity

of the calling subscriber and his subclass as well as
data rate is assumed to be known by the local switch

from information stored with the port assignment. The

following two types of signalling for the call initiation
dialogue will be accommodated :

1. (Ri ) in band SF to E lead, M lead output , and

2. (CCITT4) in band DTMF to E lead , M lead output.

Signalling type is fixed for each port assignment.

Class h A  — -  The interactive data class includes:

• Terminal—to-terminal , where one user is talking to another
in real time as in computer mediated conferencing .

• Terminal—to—computer , as in inquiry/response and time-

sharing systems.

• Computer—to—computer , where a reasonably tight time re-

sponse criteria exis ts , as in an on—line resource sharing
network .

Interactive data is characterized by short messages. In both

cases a logical connection is required prior to information trans-

fer . The requirements for this class are listed below :

• Cross network connection time is 30 second s nominally,

with a nominal one-second cross network delivery time.

• Expected message size is assumed to range from as few

as three 8—bit characters plus header up to a maximum

of 40,000 characters , with length exponentially dis-

tributed and a mean of 2000 bits. 
S

14



r ~~~~~~~~~~~~~~~~~~~~~~~~~~~

• A virtual interconnect may last several hours. However ,

operation is typically half-duplex so that only simplex

switching is required at a node ; i.e., each direction

must be switched independently.

• Variable input rate is from 75 bits per second to lOOK

bits per second .

• Error control is required for each packet in a link—by—

link fashion (i.e., not end—to—end ) and is required on

access lines for all but Mode h A .

• Bit count is important.

• Since data exchanges between terminals and computers will

be effected within this class by the network , a single
call may require one line interface discipline and protocol

at the terminal and quite a different one at the computer
where some service residing within the computer is being

sought by the terminal user . The network must provide the
means to accompl ish this. In addition, various terminal S

types opera ting at different data rates must be flex ibly
accommodated . The types of interconnections required are

shown below , where T stands for Terminal and P stands for
Program [1]

A B
Local Local

I — — ——  — — —  — T
T— — -. ._ — — — T

~~~~ ~
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Terminal users may access the network via either a dial-up port

(as on ARPANET TIPS) or fixed port assignment. Following estab-

lishment of a connection via dial—up through a commercial network

or some other equivalent network external to the local switch,

the terminal type and data rate will be established by the user

typing a letter unique to that terminal. From this the line

interface discipline , protocol , and data rate peculiar to that

terminal will be established . From this point on , the call dia-

logue will be the same as for a terminal with a fixed port assign-

ment whose terminal type, protocol , and data rate are already known.

The allowable line interface discipl ines shall conform to Mode IIA

as described in Reference 2. Data rates f rom 75 bps to 1200 bps
S are permitted . Identifiable , distinct terminal devices (e.g.,

S printer , cassette tape , etc.) may be addressed . Terminals in

turn may be addressed as devices associated with a host, even
though the host may be only a virtual host as described elsewhere .

The initial call dialogue may take on several forms.

• After input of the unique letter for a dial—up terminal

or the break key for a fixed—port assigned terminal , the
local switch will respond with a “HELLO” message to re-
quest the data for call initiation. The address may be

input in one of three Ways :

1. Complete address

2. Abbreviated address , where the complete address
has been previously stored to facilitate abbre—

viated addressing

3. None required (This terminal always has single

subscriber transactions, and the complete address
is prestored.)

16
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• The computer will , in general , appear as multiple logical
channels on a single access line interf ace with a dedi-

cated port assignment equivalent to that used for the

ARPANET HOST. Each message input or output must contain

sufficient information to identify its logical channel

number . The interface line discipline will adhere to the

Mode VI standards as set forth in Reference 3. The

ARPANET HOST to IMP protocol is assumed for this interface .

Class 115 —— Narrative/record messages are similar to interactive

data except in the following ways :

• Longer connection and delivery times are acceptable (i.e.,

5—minute mean delivery time for Priority 1 up to 16 minutes

for Priority 5).

• Average message length is 20K bits.

• The line interface discipline is Mode I as specified in
Reference 4. All protocols and formats must conform to

those specified in Reference 2 for AUTODIN I (i.e., the

Type B - Packed Binary Segment Leader referred to in
Appendix B of that reference) . However , a method for
flow control is required to limit message input to the

network. In addition , a call initiation dialogue is

required .

Class III —— Bulk data implies looser time constraints (i.e., a

real time response is not required ) and long messages. Such data

is generated by:

• Remote batch systems

• Computer—to-computer transmissions , such as periodic
file maintenance or update.

17 
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These are the requirements for this class:

• Cross network connection time is 30 to 60 seconds with

non-critical delivery times (i.e., from 5 minutes for
Bulk (1) to 4 hours for Bulk (2) ) .

• Message statistics are similar to interactive data except

that the maximum message size is io8 bits with a much

higher mean length.

• Variable input rate from 4.8K bits per second to lM bits

per second is desired .

• Error control is required . A 32—bit CRC per packet shall

be provided as a minimum .

• Bit count integrity is important.

• Mode VI line interface discipline as specified in Refer-

ence 3 is required .

• Addressing and call initiation is similar to that described

for Class IIA .

Line Interface Discipline

Mode h A  -— Character asynchronous

• Delete (add) start-stop bits on input (output)

• Seven-bit ASCII and parity

• No code conversion required

• No error recovery or line discipline provided (It is

the end user responsibility.)

• Data rates of 150, 300, and 1200 bps

18
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Mode I - Character synchronous

• Seven—bit and parity ASCII

• Character parity and block parity checking along with

retransmission of errored blocks provided

• Line discipline as stated in Chapters 1 through 5 of

the DCS AUTODIN Interface and Control Criteria , DCAC

370— Dl75—l , Continuous Mode [4 ]

• Control characters recognized and responded to

• Idle SYN character deletion (insertion) on input (output)

• Bit—oriented subscribers must convert to seven—bit plus

parity ASCII to address Mode I subscribers —— i.e., no

code conversion

• Classrnark analysis (precedence level and signalling type)

Mode VI -— Binary synchronous

• Line discipline defined in ANSI ADCCP -— Independent

Numbering ANS X3S34—589 [3)

• Data rates from 4800 bps to lM bps

• A 32-bit cyclic redundancy check (CRC) provided

• Classmark analysis (precedence and signalling type)

Line Formats

This subsection describes the formatting of the information entered

into and received from the network by a subscriber . Information

as used here includes the instructions to the network for handling

and routing as well as the data to be exchanged between subscribers.

19 



Class I -- Class I users have very straightforward interfaces. All

routing and handling information is specified by rather restrictive

signalling means . The node will convert the signalling information
S to a segment leader format , where it will be handled as any other

input segment. Since addressing will be done with an AUTOVON

compatible numbering scheme, the node will have to convert to a

network directory entry , as used for all segment routing , with
reconversion back to AUTOVON-compatible addresses at the destination

node. Take-down is accomplished by signalling from either the

calling or called subscriber.

Class II and III -- Formats for these classes will conform to those
specified in Reference 2 for a packet switched network . In order to

avoid inventing new terminology and/or confusing meanings of exist-

ing terms , the basic element of exchange between a subscriber and

the network is the segment. The segment is composed of a leader

followed by text. Error control between subscriber and node is

required for all but Mode h A .  Variable size segments are permitted ,

up to a maximum size. Messages between subscribers which exceed the

segment size must be broken into segments by the subscriber prior to

network entry. The segment leader includes the destination address , 
S

security level , precedence level , transmission control code, a
segment identifier or logical channel identifier , and a sequence
number. Although the content of each acceptable segment leader is

the same , the details of the leader depend upon the line format and

mode of line discipline .

The five acceptable line formats are:

1. Binary 4. Canned Character

2. Packed Binary 5. Character Unclassified

3. Character

20
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This range of formats will permit efficient operation for complex

computer interfaces with binary-oriented data and logical channel

multiplexing as well as low-speed , character-oriented , asynchronous ,
half-duplex operation . When these five line formats are combined

With the three line modes , I, h A , and VI, 11 types of interface

formats result. These types are designated type “A” through “K”

and are fully described in Appendix B of Reference 2. Detailed

explanations of the fields are contained in Section 3.3.3.8.3.1

of Reference 2. Additional addressing f unctions required to suppor t
S subscribers are described in Section 3.3.3.8.4 of the same reference . S

Two observations can be made at this point:

• Only Types A and B, Binary and Packed Binary, allow
multiplexed logical channel operation;

• The type of error control differs according to mode

Terminal Entered Command Codes -- Types I, J, and K (all Mode IIA)
are used for asynchronous terminal access. For these types , certain
additional functions are required which can be specified in the CC

field of the leader. Since not all terminals have a full ASCII

character set , and since more flexibility must be provided to terminal
users , Mode h A  types need the capabilities to 1) specify an end

of segment (i.e., tell the node when to release a packet to the

network) , 2) specify echo or no echo from the node , and 3) specify
normal connection or interactive session (where an interactive

session implies the node will buffer received packets if the sub-

scriber is currently inputting a segment until completion of input ,

and norma l connection implies unmediated output upon receipt). An

ASCII alphabetic character will specify the command code as shown

in Table 2.
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Table 2. Command Code

Packet Release on Receipt
at Source Node of

CR Special N
Character Character

Normal connection without echo A E I

Normal connection with echo B F J

Interactive without echo C G K

Interactive with echo D H L

Call Types -- There are two basic call types permitted. The first

is “connection” oriented, where a subscriber sends to or receives

from only a single source subscriber which it has previously a

addressed or from which it has accepted a connection. An example

is a terminal—to—terminal transaction or a terminal—to—computer

S dialogue, as in a time-sharing system. In the former , both are

connection oriented, but in the latter , the computer is not con-
nection oriented . Rather, the computer is using the other basic

call type which is message oriented . That is, it accepts traffic
S from any source on a segment—by—segment basis. This does not im-

ply the computer has no control over segment traffic. Via HOST-

HOST protocol , message traffic is regulated .

For connection oriented calls , the sender attaches a leader to

the segment in only the initial transaction segment which is used

to set up the call. A receiver operating in this mode will accept

the first segment only with a leader , after which it will indicate

to its node that it can receive no segments other than those from

22
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the subscriber whose call it just accepted . Thus, segment or

message receipt is restricted to only one subscriber at a time.
The call will remain up until either the calling or called sub-

scriber initiates a call termination dialogue with its node.

For message oriented calls , a leader must accompany every segment

although this does not preclude the use of abbreviated addressing

in the subscriber—node protocol.

Note that, although a subscriber may be operating in a connection

mode for sending , it can be receiving in a message mode, as with

S a timesharing terminal user who is able to accept mail or mes-

sages from any other user on the system although his dialogue on
input is exclusively with the computer . Also , as in this same

example , a subscriber may change from restricted to nonrestricted
receipt of messages by notifying the node to change his call type

for receipt.

Additional Service Features

Conference calls for Class IVoC subscribers are desirable . However ,

the technique by which CVSD processed voice is conferenced is as

yet undefined and hence will not be dealt with specifically.

Abbreviated addressing will be provided for all classes.

Roving subscribers should have the ability to modify their homed

local switch location .

23
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Local Access Configuration

The node shall provide for the following quantities of user
accesses. These figures represent maximum numbers and may be
significantly lower , especially at early installations.

Class Quantity

IV0 (C or S) 20—64

IF (C or S) 8

IVJ. (C or S) 8

IIA -- Terminals 64

h A  -- Computers 8

IIB 1

III 8

Traffic

Class IV0 —- All voice traffic is characterized by a Poisson ar-

rival process for call originations, with service provided on a

blocked calls lost basis. Holding times are exponentially dis-

tributed with a five—minute mean. A Grade of Service (GOS) of

0.05 is assumed . Voice traffic is assumed to originate from

multiple PBX ’s with a maximum of 64 PBX trunks connected .

To provide a GOS of 0.05 overall requires that the sum of prob-

abilities of blocking casued by all potential sources does not

exceed 0.05. Potential sources along with their assumed budget

allocation (assuming a non-blocking switch) are:

1. PBX trunks 0.025

2. Switch 0.025
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For 1, the offered load to the PBX trunks must not exceed 50 er—
langs for 64 trunks. For the average holding time of five

minutes , this yiei~.3 433 served calls and 455 call attempts per

busy hour to the PBX . The average arrival rate at the local node

is one cal l  every 7 .9 seconds. This is the traffic resuJting

from the assumption that all PBX trunks connect to a single PBX .

It would be lower for the same GOS if the trunks were divided

between multiple PBX’s. Since none of this traffic is to be

connected to local subscribers , all of it is assumed to be offered
*to the exiting trunk network .

Therefore , the maximum number of trunks that could be utilized

is 64 , and if this number is provided , trunk availability will

not be a source of blocking . Assuming 64 trunks , then , the avail-
ability of a cross—switch path connection will be the other

source of blocking to which a budget of P (0.025) is allocated .

Class IF -— Fax will present messages to the network with an

average length of 4 x ~~~ bits. Call initiation is assumed to

be the same as for digital voice. Error control is not required .

At a 4.8K bps rate , a message will last 8.3 seconds. Not more

than eight calls will be handled simultaneously. Average call

arrivil rate is one call every two seconds. The data rate may

range frr~r- , 4 . 8 K  to 300K bps.

~‘ i 1 S S  I \ S i -- V ideo will presen t da ta to the network at a data
rat - :r€ -~t~~ - than or equal to 150K bps. All other characteristics

are .as r~~~. s i m i l a r  to Class  IVo (Voice)

*
Even if some traffic were intra-node traffic , based on CONUS
AtJTOVON statistics , it would represent no more than 10 to 20
percent of the total traffic.
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Class h A  —- The traffic generated by each subscriber (i.e., data
terminal or computer) in this class is given in Table 3 which

was obtained from Reference 5. The input data rate is variable

from 75 bps to lOOK bps.

Class IIB —- Narrative/record message traffic is assumed to
originate only from AUTODIN I switches of which there is not

more than one at a local node. Data rates are the same as for

Class IIA .

Class III —— Bulk data is characterized by very low arrival rates

from a given subscriber or computer . Table 4 presents typ ical S

figures taken from Reference 5.
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SECTION 3

FUNCTIONAL DESIGN AND ANALYSIS OF REQUIREMENTS

This section presents the functional design of an integrated network

which is responsive to the requirements defined in Section 2. The

design includes the following : opera.ional characteristics , selected
technology candidates , and additional functional requirements. Also

included is the analysis of all requirements in preparation for the

architectural evaluation presented in Section 4.

NETWORK

The network is composed of nodes and interconnecting communications

links . Nodes provide both user access and network switching. Links

may exist in many forms ranging from leased common carrier lines to

private microwave satellite relay links. A hypothetical network

configuration is depicted in Figure 1.

A block represen tation of a node is presented in Figure 2. Note

that infor-rCatjon received on network trunks is separated according

to switching required and two separate switching facilities , one

for circuit switching and one for packet switching are provided .

!‘ P/ \~-~F UCJ~ M7~T

In the proposed integrated voice/data network , information will be

transmitted in one of two ways: as line switched data or as packet

swit-ched data. All Class IA (on demand , fixed delay, incompressible)

traffic will be treated as line switched data where a fixed—path

connection is established between the subscribers and remains fixed
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Figure 2. Node Structure

for the duration of the call. All Class lB (on demand , f ixed delay,
compressed) traffic will be treated in a somewhat similar manner.

A fixed-path connection will be established for the duration of the

call. However , samples will be packetized at the source node for

transmission via a fixed network route . All Class II (on demand .

variable delay) and Class III (as available , variable delay) data

will he packetized at the source node before being transmitted over

the network. The route is not fixed .

The information transmitted over each link of the network is in a

form of a binary bit stream. In order to maintain fixed delays for

Class I calls , the bit stream over a link is grouped into “frames,”

where each frame has a fixed number of bits corresponding to the
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number of bits transmit ted over that link in a fixed , predetermined
time . For example , a frame on a Tl link over 10 msec contains
15 ,440 bits.

The fr ame forma t to be used in the proposed network has a general
form as shown in Figure 3. The number of bits in the frame depends

on the speed of the particular link and the frame length . (The

frame time is fixed throughout the network once determined.) A

f rame consists  of a S ta r t-o f -Frame  marker , a Transi t ion-Synchro-

nization Field and a number of variable—size slots which are used

for transmission of L/S call data and packet data .

START OF FRAME (SOF) MARKER

I TRANSITION -SYNC FIELD

T — VARIABLE SIZE SLOTS
1 0 1  S “

IF F 
________________I

8~ 24

~~~~ 
23\ J

7 ~~~~~
— CODED CALL #

7 ~
.. FRAME

SYNC BIT

Figure 3. 1’raine Format

The S t a r t - o f- F r a m e  marker (8 bi t s )  is used for  frame synchronization

acquisition and maintenance . The Transition—Synchronization field

contains 1 bit to indicate a transition from L/S to P/S (or vice

versa) for some slots in the next frame . Note that the transition
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is ind icated in the frame pr ior to i ts occurrence . The remaining
23 bits contain a 14-bit call number which is coded into the 23-bit

form for error protection . The call number identifies the call and ,

consequen tl y ,  the transitioning slots .

INTEGRATION

Integration of voice and data on a common transmission facility
is accomplished by transmitting information in three ways :

• Incompressible voice samples are transmitted in fixed ,

variable—size time slots, and

• Compressible voice samples are packetized and transmitted

using packet procedures and techniques.

• Data is transmitted as packets which are used to “fill”

the remaining available trunk bandwidth (Figure 4).

FRAME

L/S LIMIT

S T
0 S I  

_ _ _ _I ______F F N i~~~~ i ___ _____

I ~~~~~~
_______ PACKET DATA

= LINE SWITCHED (CALSS I) DATA ONLY

L 1 = PACKET (CLA SS II , III) DATA

SOF = START OF FRAME MARKER

TSF = TRANSITION -SYNC FIELD

Figure  4 .  Line Switched/Packet Data Integration
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Non-clear (incompressible) voice data (Class IA) cannot be trans-

mitted via packet. If it were transmitted as regular packets with

CRC field and allowing retransmission , the retransmission of

packets would increase the cross network delay and a large buffer

would be required at the destination node to remove network—induced

skew. If it were transmitted as voice packets with no CRC field

and no retransmission, errors in the voice packet header (24 bits)
would result in the loss of bit count integrity .

L/S Data

After an L/ S call is set up, variable—size slots (not necessarily
contiguous) are allocated for it and remain unchanged for the

duration of that call. An integer number of variable-size slots

will be used for an L/S call , and a “best—fit” algorithm will be
used to minimize the number of slots required per call. Each

variable—size slot is an integer number of bytes in length . If
S 

an L/S call rate requires n bytes plus a fraction of another

byte in the frame , then n+l complete bytes will be allocated for

it. The content of the unused bit positions in the last byte of

the last slot can be arbitrary since it is ignored by the re—

ceiving node.

Time slots within a frame will be allocated to line switched data

on the basis of required bandwidth (i.e., more bytes will be

allocated to data with a high bandwidth requirement than would be

allocated to data requiring less bandwidth) . For examp le , if a
10 ms frame is ass umed , 25 0 bytes will be allocated to line
switched data requiring a bandwidth of 200K bps (facsimile) while

only 10 bytes will be allocated to line switched data with an 8K

bps bandwidth (voice) . This technique provides both optimum

utilization of line bandwidth and node flexibility with respect

to available lines.
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By requiring slots to be an integer number of bytes in length,
the bandwidth inefficiency problems associated with the larger

fixed—size slots are avoided . A large , fixed—size slot approach

(e.g., 24 or 80 bits) will always waste some bandwidth in hand-

ling L/S calls with speeds not equal to exact multiples of the
slot size. The reason for the was ted bandwidth is that the slot
size is not small enough to be a common divisor for the various

L/S channel speeds.

Because the time slots are allocated using a “best f it ” algorithm ,

each call is located in the most optimum frame locations available

at the time of call set up. There is no need to reorganize the

frame format to obtain contiguous slots . As line switched data
S 

transmission is comp leted , the associated time slots become avail-

able for packet switched data . In Figure 5 the allocation and

ONE FRAME
HDR

i i
L/S 1

[ V / A  I
L/S l L/S 2 L/S 3

F V//1~~/M~1
L/S 1 L/S 3 S

t V//I I
L/S 1 L/S 4 L/S 3

F V/AZ//A ~1 I
Fiqure 5. L/S Call Setup Takedown Example
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deallocation of frame time slots are depicted . L/S calls one,
two, and three are sequentially allocated . Then L/S call two is
deallocated , and L/S call four is allocated according to the
“best fit” algorithm.

Packet Data

Unlike the L/S data , the packet data (Classes IB, II , and III , is
used to “fill in” whatever unused slots remain after L/S data

locations have been allocated within the frame. A packet may

range in size from 48 bits to approximately 200 0 bits ; hence ,

each packet data is used to “fill in” unused slots , a packet may

be fragmented into noncontiguous slots.

Generally, there may be more than one packet in a frame . Each

packet is delimited in front by a bit sequence (01111110) called
a flag . The flag is also used as an idle character in the unused

bandwidth of the frame . Bit stuffing is used to mask any appear-

ance of the flag sequence that occui\within the packet itself.

The bit sttiffing is done at the transmit node by inserting a

zero after a run of five consecutive ones , while the receive

node removes a zero detected after a sequence of five ones (with—

in a packet). This prevents the false representation of the flag

by a string of six ones in the packet itself. The after—stuffed

packets and flag delimiters (and flags used as idle characters ,
if any) are then used to fill in the slots unused by the L/S

data .

Because system control and signalling information (call setup , 
S

takedown , etc.) is transmitted throughout the network as high

~t iority packets, it is not possible to completely allocate the

entire frame to line switched data . There will always be a
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portion of each frame that will be reserved for this purpose (see

Figure 4).

Packet switched data is transmitted in frame time slots that are
not otherwise reserved (for Start-of—Frame marker (Frame header) ,
Synchronization field, or line switched data). Placement of a

packet into slots continues until the entire packet has been
placed . Because packets are delimited by idle flags , they may
be fragmented as necessary within a frame and may be continued
from one frame to the next without incurring additional overhead
(Figure 6).

PACKET 
-PACKET PACKET PACK ET L - LINE SWITCHED DATA

~ I ~ 
S = SYN CHRON IZATION FIELD

FRAME = FRAME HEADER

6i sf1 1L ILIL I ILILITILILILI1HISIT1 1L IL ILI1LIL SIITiIILILI1

.4 FRAME n FRAME n + 1

Figure 6. Packet Distribution
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Packetization of Class lB data (clear voice) —— As discussed in
the user requirements (Section 2) , Class lB data are compressible

S and do not require bit count integrity (BCI) be maintained .
After compression , data of a Class lB call may be characterized

as having randomly distributed arrivals with an average rate of
less than one—half the rate of its uncompressed equivalent.

When transmitted , the size of each frame (10 ms) voice sample

remains unchanged in the frame , and only a small amount of over-

head is incurred during packetizing (voice packet format is de-
scribed later in Section III). The overhead is 24 bits per
packet , which has information content of 24 bits to 640 bits.
The compression process is assumed to maintain frame sample

integrity . Therefore , each packetized voice sample is equivalent S
to one frame sample of the uncompressed source.

Different from the way that Class Il/Ill data packets are switched

at each node , all voice packets of the same call follow a fixed

route in the network throughout the call duration. The fixed

route is selected during the setup of the packetized voice call.

Trunk space for a packetized voice call is reserved in accordaiice

with the Class I data limit on the frame. Due to the compression ,

a voice packet of a call may or may not appear in every frame
time . When packetized voice samples are not present, Class 11-

111 data packets will be used to fill available trunk space.

As voice packets are passed through the network , each node
treats them as a special type of packet. But they are buffered

in the same storage area as other packet types , and using the

same packet processing facilities. The major differences between

voice packet processing and regular Class Il/Ill data packet pro-

cessing are that: 1) voice packets of a call follow a predeter—

nined fixed route while Class Il/Ill data packets are dynamically
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routed at each node ; 2) vo ice packets are passed through the
network without error checking .~ and , 3) voice packets have

higher priority for transmission than any Class Il/Ill data
packet. The voice packet features cited in the differences 2)

and 3) above minimize the delay or any skew of the voice samples

throuch the network. Differences 1) and 2) are discussed

further later in this section .

The effec t of the packe ti zed voice transmission method is to
reduce the r e a l - tir -~ - bandwidth requirement for Class I data ,

thereby providing additional transmission capacity for Class II

and III data .

LINK CONTROL

Crmr- .ur~jc~ition ~etw~ efl nodes is via a communication link . Nodes

accomodate any of a var i~~tv of link types and speeds ranging

from leased phone li:. 1- :  to  ~o~t ellite relay links. Each link is

co dr r e J  t r  be a ~~ ir of ~~id irect ional lines , although pairing
will not be a r r  u l  ~- ‘en t  . ‘ - r  nurposes  of d iscussion , only one
l i nk  w~ Ll exist I -et ~~~~~ a pair of nodes. Obviously, multiple
l i n k s  are both possible and des ira ble. For each l ine , the send-
ing node will be the line master and the receiving node will be

the slave (Fi gure 7—A ) . The format and content placed on a line

will be determined by transmit tables resident within the
master . Interpretation and proce ssing of a line ’s content will

be determined by matching receive tables res ident within the
slave .

One example of a transmit table is shown in Figure 7—B . Each

slot is descr ibed by one entry in the table. Each entry

contains both the starting byte position of the slot and the
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LINE 1 LINE 1
TRANSMIT RECEIVETABLE TABLE

MASTER SLAVE
LINE 1

NODE NODE
A ..4.LINE 2 B

SLAVE MASTER

LINE 2 LINE 2
RECEIVE TRANSMIT

TABLE TABLE

Figure 7-A . Network Link

STARTING
STAT E BYTE SIZE 

— 
L/S CAU.. NO. BtJF NO.

P/S 00 25 1864

L/S 11 4 6 87 211

P/s 00 20 2

L/S 11 
— 

22 3 9 110

L/S 11 10 10 
— 

38 
— 

96

Figure 7-B . Transmit Table
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size of the slot (in bytes) . Use of the remaining fields is
discussed later.

FRAME SYNCHRONIZATION ACQUISITION AND MAINTENANCE

Frame synchronization (sync) over a li nk between the transmitter
of a node and the receiver of another node is necessary for the

receiver to correctly interpret the data stream from the incom-

ing link ; that is, both the receiver and the transmitter must
agree on the way the data stream on the link is interpreted .

If frame sync is lost on a link , then the data transmitted over
that link will be meaningless at the receiving end (i.e., lost)

until the frame sync is reacquired . It is very desirable that

the frame sync acquisition and reacquisition af ter a frame sync
loss be very fast and that the probability of losing a frame

sync be very small. It is also very desirable that ~ high

transmission efficiency be achieved over the network links (i.e.,

the transmission bandwidth overhead due to acquiring and main-

taining the frame sync should be kept to a minimum) .

Two different approach~~ for frame sync acquisition and mainten-

ance are described in the following sections. The first approach

uses an 8—bit Start of Frame (SOF ) mar~.er in each lOms frame .

The second approach uses a longer (25-bLt) SOF marker in each

frame . The tradeoffs and comparisons between these two approaches

will also be discussed .

Frame Synchronization Approach I

The 8—bit SOF marker used in Approach I contains a 7—bit Barker

code sequence followed by a zero (lllOO]0O). This 8-bit SOF

marker can always be uniquely identified among a 22—bit sequence
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being composed of this SOF marker preceded by an arbitrary 7-bit
sequence and followed by another arbitrary 7—bit sequence. This

fea ture reduces the probability of incorrectly declaring frame
sync at the receiving end . (An incorrect or false frame sync

occurs when a receiver considers that the bit stream on the

incoming link is in frame sync by matching SOF marker on data
bits , but is in reality n~ t in frame sync.)

Acquisition of frame sync (initially or after a loss of frame

sync) on a link is accomplished by commanding the transmitting

end to send a number of consecutive 8-bit SOF markers to the

receiving node. The number of SOF markers sent determines the

certainty of the frame sync acquisition . The probability of

frame sync acquisi cion at a wrong position (i.e., an arbitrary
data sequence matches the sequence of the series of 8—bit SOF

markers) is 2-Sn where n is the number of 8—bit SOF markers

being sent. The information bits  for the first frame follow the
last of the n 8-bit SOF markers, and the frame sync is established

thereafter. That is, an 8—bit SOF marker will appear in every

10 msec after the last 8-bit SOF marker (see Figure 8) . Once

the frame sync is established , the frame sync can be maintained

reliably due to the unique feature of the 7—bit Barker code
contained in the SOF marker . The SOF marker is predicted and

and checked by the receiving end at the start of every 10 msec
frame cycle.

To reacquire frame sync after a node has detected a loss of frame

sync on the incoming data stream, two cases will be considered

(refer to Figure 9) :

Case 1 At Node B, the incoming link from Node A has lost
frame sync but the outgoing link from Node B to

Node A is still in frame sync .
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8-BIT SOF MARKER REPEATED n TIMES

START OF A FRAME

~~~~~~~~~~~~~~~~~~~ AST 8-BIT SOF MARKER

SOF : START OF FRAME 10 msec FRAME (15,440 BITS)

Frame Synchronization Acquisition/ReacquisitiOn

START OF A FRA ME

~~~ ~~~~~~~~ SOF Y~~Pk .[~~

SOF: START OF FRAME ~sec FRAME (15 ,440 BITS)

FRAME SYNCHRONIZATION MAINTENANCE
Frame Synchronization Maintenance

Figure 8. Frame Synchronization Approach I
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NODE OUT OF FRAME SYNC NODE
p

A B
IN FRAME SYNC

S Case 1: Loss of Frame Sync i n One Di rec ti on

NODE OUT OF FRAME SYNC NODE
p

A B
4 0-

OUT OF FRAME SYNC

Case 2 : Loss of Frame Sync in Both Di rect i ons

Figure 9. Loss of Frame Synchronization Cases

Case 2 Both the incoming link and the outgoing link to/

from Node B from/to Node A are out of frame sync

(OFS), but Node B does not know that the outgoing S

link to Node A is OFS. Similarly, Node A detects

OFS on the link from B to A , but not on the Node
f rom A to B.

In both cases, each node detecting the OFS on the incoming link

will attempt to signal the node at the other end of the link to

start to send a number of the 8-bit SOF markers for the frame

sync reacquisition on the incoming link. One way of signalling

the OPS is to complement each bit of the 8—bit SOF marker for the

next outgoing frame . For Case 1, since the link from Node B to
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Node A is still in frame sync , the signal received at Node A will
be correctly interpreted and Node A can start to send a number of

the SOF markers to Node B to allow Node B to reacquire the frame

synchronization for the link from A to B.

For Case 2, both Nodes A and B will attempt to signal the opposite
S 

side about the OFS states , but neither of them can get the message

across because the links for both directions are out of frame sync .

To solve thib problem , a “Time-Out” procedure should be used at
each node that sends the OFS signal. That is, after a predeter-

mined time, if a node does not start t~ receive a series of SOF
markers after it has attempted to signal the oppos ite node about
the OFS status, the node assumes that the outgoing link is also

OFS. It then starts to send a series of SOF markers to the op-

posite end. In Case 2, the Time-Out will occur at both Nodes A

arid B, while in Case 1, the Time—Out will not occur . With the

provision of the Time—Out technique , in both Case 1 and 2, the
frame sync for the links can be acquired properly.

In Case 1, the frame sync reacquisition can be accomp lished in
less than two—frame times (a maximum of one frame time f or Node B

waiting to send OFS signal to Node A and a frac tion of one frame
time for Node A sending a number of the 8—bit SOF markers) , plus

the transmission time on the links (from B to A and then from A

to B) . For Case 2, the frame sync reacquisition can be accom-
plished in one Time-Out and a fraction of one frame time (for

sending the SOF markers) plus the transmission time on one link .

Since the Time—Out period is close to (or slightly less than) the

S time required for Case 1 frame sync reacquisition, the fr ame sync
reacquisition for Case 2 can be accomplished in a time that is

not much longer than that fo r Case 1.
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The above discussions on the frame sync reacquisition time assume

that there was no error on the transmission line during the trans-

mission of the OFS signal and the series of SOF markers. However ,

if there Is an error in transmitting the signal , or the SOF

markers during reacquiring the frame sync , the receiving end will

not receive the expected series of SOF markers. The frame sync

reacquisition procedure has to be restarted after another Time-

Out. If the number of 8—bit SOF markers is large (e.g., 15) and
the transmission line has a rather high bit error rate (e.g.,

then there exists a high probability (0.12) that some

error occurs among the SOF markers (total 120 bits) , and a retry

of the frame sync reacquisition is required . In such cases, the

frame sync reacquisition time will be longer than that described

in the previous paragraph.

Frame Synchronization Approach II

The second frame sync approach employs a longer (25 bits) Start
of Frame (SOF ) marker which is sent once every lO—msec frame.
The SOP marker is composed of one 11—bit Barker code preceded and

followed by a 7-bit Barker ccde at each end (1110010 11100010010

1110010). This 25—bit sequence can always be uniquely identified

among a 59-bit pattern containing the 25-bit sequence preceded

and followed by any 17-bit pattern. As a result , the probability

of false frame synchronization will be very small.

The second frame sync approach differs from the first approach

pr imar ily in the frame sync acquisition/reacquisition procedure .
In the second approach to achieve a frame sync, the 25-bit SOF

marker is sent only once from the transmitter of one node to the

~.eceiver of another node at the opposite end of the link . (The

firn~ approach sends n 8—bit SOP markers.) Once the receiver
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detects the 25—bit SOF marker , the frame sync is established .

(The information bits for the first frame follow the 25—bit SOF

marker.) The error probability of the frame sync acquisition is

2
_25 

(or 2.98 x l0
_8
). After the frame sync is established , every

10 msec thereafter the receiver predicts and checks the 25—bit SOF

marker which indicates the beginning of each frame (see Figure 10).

When a receiver checks the predicted bit positions for the 25—bit SOF

marker on the incoming bit stream of a link and fails to match the SOF

marker sequence pattern, the receiver reverts to an OFS mode and

starts to hunt for the SOF marker pattern on the incoming bit stream.

Once a 25-bit pattern matches the SOP marker , the receiver re-

establishes frame sync . (The bits following the matching 25—bit

are considered as valid data of the first frame after recovery.)

Using this approach, the receiver does not need to send a signal to

the transmitter to indicate the OFS status. The time required to get

S back into sync after loss of a frame sync is normally less than one
frame time and thus is shorter than that required by the first approach.

START OF 4 FRAME

25-BIT SOF MARKER

SOF : S T A PT OF

10 msec rP4u [ ( 1~~,44~ B I T S )  S

Figure 10. Frame Synchronization Approach II
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The 25-bit SOF marker is sent once every 10 msec frame (assume

15 ,440 bits). In the process of reacquiring the frame sync after

loss of a frame sync , the probability that any 25-bit sequence

among the 15 ,44 0 bit other than the actual SOF marker matches the
25-bit SOP marker is:

1 ~l5 ,440—49 1 2 
— —41 — (1 — X ( 1 —  

l8~ 
— 4.67 x 10

2

This is the probabil ity that a frame sync reacquisition may ass ume
SOF markers at a wrong position . As shown , this probability is very

low . In case this happens , the wrong frame sync can be readily
detected , one frame later , by checking the SOF marker at the assumed
SOP position . A normal frame sync reacquisition procedure as de-

scribed earlier will then be restarted .

Comparison of the Two Frame Sync Approaches

Each of the two frame sync approaches employs a Start of Frame (SOP )

marker which is predicted and checked at the beginning of each 10

msec frame . The SOF used in the first approach is 8-bit , while the

SOF used in the second approach is 25-bit. The bandwidth overhead

incurred by the second approach is 17 bits more than that by the

first approach in each 10 msec frame (which is equivalent to 15 ,440

bits on the Ti line). However , the frame sync reacquisition time ,

after loss of a frame sync , for the second approach (which normally

takes less than one frame time , 10 msec) is shorter than that re-

qui red for the f irs t approach (which takes two frame times p lus the
tran smission time on the links of both directions) . The point is
that the second approach trades off some transmission line bandwidth
(17 bits per frame) for a faster frame sync reacquisition after loss

of frame sync . If the transmission environment is such that the loss

of a frame sync seldom occurs , then the total frame sync reacquisition



time saved by the second approach may be insignificant and not
worth the 17—bit bandwidth overhead spent in each frame. A

qualitative conclusion is that the first frame sync approach is

more suitable for a network with low bit error rates on the

transmission lines (and hence loss of frame sync seldom occurs),

while the second approach is more appropriate otherwise.

TIME SLOT TRSANSITIONING

It is essential that both the master and slave on each line agree

S as to the exact frame in which a time slot is to be changed from

packet—switched data to line—switched data or vice—versa. Failure

to obtain agreement results in lost data of both types. Accurate

time slot transitioning will be obtained by the use of a network

control packet and a synchronization field. The transmit and
receive control tables maintained at the ends of a line will

include a 2—bit status field for each time slot in the line

frame . The four possible states and transitions are indicated

in Figure 11.

As each new line-switched call is established , the line master

reserves one or more “best—fit ” time slots to provide the
required bandwidth. It then sends a control packet describing

those slots to the line slave . An identifying number called the
node—to—node call setup number is included in the control packet.

Only after reservation of the entire call path through the net-

work is completed can the actual transition be initiated . Trans-

mission of a valid synchronization field containing the node-to—

node call setup number effects the actual transition . Because of

its relatively short length , the synchronization field can be

easily encoded with a powerful error correcting capability . The

field contains a flag bit which alerts the slave node to the fact
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that slot transitions are occurring . Upon detection of the

synchronization flag bit the node extracts the node—to-node call

setup number and searches its receive table to locate those time

slots which correspond to the new call. The appropriate status

fields are then updated to indicate line switched data . Frame

decomposition can then proceed without error .

PACKET SWITCHED
DATA

LINE SWITCHED DATA PACKET SWITCHED DATA
S 

(TRANSITION STATE) 01 ) 10 ) (TRANSITION STATE)

C
~o O4~1~~~~~~~~

11 

q~

LINE SWITCHED
DATA

TIME SLOT STATUS STATES

STATE MEANING

00 PACKET SWITCHED DATA S

10 PACKET SWITCHED DATA (TRANSITION
TO LINE SWITCHED DATA PENDING)

11 LINE SWITCHED DATA

01 LINE SWITCHED DATA (TRANSITION TO
PACKET SWITCHED DATA PENDING)

Figure 11. mime Slot Transitions
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The transition from line-switched data to packet—switched data

occurs in much the same manner , except that: 1) only the call

setup number is transmitted to the slave node; and 2) different
status states are involved .

PACKET TYPES AND FORMATS

All classes of user data except Class IA are transmitted over

the network in packet form , In addition, system control and

signalling information (call setup , takedown, etc.) is also

transmitted throughout the network as packets . Categorically,

packet switched data are divided into the following four types:

• Data packets (Class Il/Ill user data)

• Control packets (For Class IA/lB call setup, takedown,

or for Class Il/Ill data transmission procedures)

• Acknowledge (Ack) packets

• Voice packets (Class lB——clear voice——call 10—ms samples)

Figure 12 shows the packet format for data packets and control

packets. Figure 13 shows the packet format for Ack packets, and

Figure 14 shows the packet format for voice packets . As discussed

earlier in the network frame format description , an 8—bit flag

(01111110) always precedes a packet. The 8—bit flag indicates

the beginning of a packet. Each packet has a 4—bit packet-type

field (in packet header) which indicates a particular packet

type to which this packet belongs.

Packet Format for Data Packet or Control Packet (Figure 12)

Each data or control packet has a packet header field and a text

field s followed by a Cyclic Redundancy Check field . These fields
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FLAG
(01111110)

ONE PACKET

PACKET CRC
HEADER TEXT

32
L 8 I  64 BITS IBITS I

L 4.~2-~ _
8 

~ 
8 8 8 8 

~ 
8 5

PACKET NUMBER
PRECEDENCE LEVEL

PACKET AGE

ABBR . PORT ADDRESS AT SOURCE NODE
— SOURCE NODE ADDRESS
PACKET SEQUENCE NUMBER ON THE LINK

MESSAGE NUMBER

DESTINATION NODE ADDRESS

LAST PACKET OF A MESSAGE
LINE TEST

(UNUSED)

PACKET TYPE

Figure 12. Packet Format for Data or Control Packet
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FLAG
(01111110)

I ONE PACKET
I- 

SS.~

I I I
8 I 4 1 4 1  8

L. I I I

PACKET SEQUENCE NO.

UNUSED

PACKET TYPE

Figure 13. Packet Format for Acknowledge Packet

FLA G

(01111110)

ONE VOICE PACKET

~ I ~ 15 24 640 BITS I
DIRECTIONAL DATA FOR ONE FRAME 1

CALL ~ (10 ms)

UNUSED

PA CKET ~ OF THE CALL (MOD 16 )

PACKET TYPE

Fi iurr 14. Voice Packet Format
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are defined as follows:

• Packet Header Field , 64 bits:

- Packet type , 4 bits

— (2 bits unused ) 
—

- Line Test , 1 bit 5 8 bits

- Last Packet of a Message , 1 bit
- Destination Node Address , 8 bits
- Message No., 8 bits
- Packet Sequence No. on the link , 8 bits
- Source Node Address , 8 bits
- Abbreviated Port Address at source node , 8 bits
- Packet Age , 8 bits

- Precedence Level , 5 bits
- Packet No. (within a message), 3 bits

• Text Field , 0-250 8-bit bytes

• Cyclic Redundancy Check field (CRC) , 32 bits

The 4-bit packet type field is defined as below :

Packet ~~pe Field Packet Type

1000 Class Il/Ill Data Packet

0100 Control Packet
0010 Ack Packe t
0001 Voice Packet

When there is no traf f ic on a li nk , a dummy packet which has
“Line Test”bit set can be sent periodically from a node to its
neighboring node ot the link. This informs the neighboring node

about the line status (good or failure) so that its routing table
can be updated accordingly.
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A bulk of Class Il/Ill data to be transmitted over the network has

to be divided into units of messages where each message cannot con-

tain more than 16 ,000 bits. The 8-bit Message No. field is used to

indicate the order of the messages from the same bulk data source.

A message is packetized before being transmitted over the network ,

and a message may be transmitted by up to eight data packets. These

packets are numbered from zero up to seven (Packet No.). The last

packet in a message is indicated by having its “Last Packet of a

ME~ssaqe ” bit set.

The “Packet Sequence Number on the Link” is used in the node-to-node

protocol for transmittinc: data packets and control packets from one

node (sendinq node) to an adjacent node (refer to “Node—to—node

Packet Protocol” on page 104) . It is used to relate acknowledgments

to transmitted data and control packets to the sending node , so that

successful transmission of these packets is assured before their

security copies can be deleted at the sending node. The Packet

Sequence Number is in sequential order and it is a number modulo

256.

The Source Node Address designates the node which originates the

packet (where a message is packetized) , and the Destination Node

Address designates the node to which the packet is destined (where

packets of the same message are reassembled into a message) . Assum-

ing t h , i F  ~~e network has at most 64 nodes , 6 bits will be sufficient

f)r the node addresses. However , S bits are used , so that each node

address fi t s into one byte .

The Abbreviated Port Address at Source Nodo is a “during—the—call”

m cii por k add ress , which is assiqnod : the sourrr node during the

setup ~if a user call. The 8-bit ~~~~~~~~~~~~ P rt address allows
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up to 256 users from a node to be source ports to the network at

S the same time for each of the Class IA , Class IB, and C lass
Il/Ill user types. This is because Class IA data , Class lB data ,
and Class Il/Ill data are hand led as three completely separate
categories in the network . The limitation of 256 source ports

at a node does not restrict the number of destination ports at

that node.

The 8—bit Packet Age indicates the age of the packet in the net-

work since it was packetized at the source node. The 5—bit

Precedence Level contained in a data packet (Class Il/Ill)

indicates the precedence level of the packet which is the same

as the user precedence level . Both parameters are for determin-

ing the order of routing processing for this packet and the order
of the packet to be placed in an output trunk (see “L/S and P/S

Routing Considerations ” on page 107. The Precedence Level contained

in a control packet is the user precedence level (not the precedence

level of the control packet) for the user whose call the control

packet attempts to affect (e.g., setup , takedown , transmission ,
procedure control , etc.). Control packets have the highest priority

for transmission among all packets. Their packet type, rather than
their precedence level field , is consulted in determining their
order of being routed to and placed in an output trunk .

The Text field is for the information content. It may have from 0

to 250 8-bit bytes (i.e., 2000 bits maximum).

The 32—bit Cyclic Redundancy Check (CRC) field is for error detec-

tion for the content of the complete packet after it is received

at a node.
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Packet Format for Acknowledge (Ack) Packet (Figure 13)

An Ack packet has two bytes. The first byte contains a four-bit field

for the Packet Type and another four bits unused . The second byte is

the Packet Sequence Number on the Link . It has the same sequence

numbe r as the packet (data or control) to which the Ack packet acknow-

ledges correct acceptance at a receiving node. The Ack packets are

used only for node-to-node protocol for data and control packets.

There is no CRC field in an Ack packet. There is no error checking

or acknowledgement for an Ack packet .

Packet Format for Voice Packet (Figure 14)

A voice packet (for 10 msec data of clear voice channel) has the

following fields:

• Packet Type , 4 bit s

• P~”ket Number of the call (modulo 16) , 4 bits

• 1 bit unused

• Directional Call Number for the packet , 15 bits

- Direction of the packet to or from called node , 1 bit

- Call Numh~ r , 14 bits

(Source Node Address , 6 bits)

(Abbreviated Source Port Address , 8 bits)

• Clear Voice Sample for 10 msec of the call (in one direc-

tion) , 24—640 bits (3—80 bytes)

The four-bit packet type field distinquishes voice packets from other

packet types (Class 11/111 data packets , control packets , Ack packets).

The packet number field (4 bits) is used at the destination node for

voice reconstruction. The directional call number uniquely identifies

the ok:Lput trunk for each frame sample packet of the call , and there-

by ~l1ows the network to transmit each frame sample packet to its

~o--~
( r destination. There is no CRC field in a voice packet. There

is no error checkinq or icknowledgement for a voice packet.
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Note that regardless of the packet type , the leng th of any packe t is
a multiple of 8-bit bytes. Therefore , the packe t formats are also
adaptable for the other technique of delimiting packets wh ich emp loys
“byte stuffing ” method (i.e., using 8-bit control characters such as

DLE , STX , ETX , etc. for packet c’ limiters as in the ARPA Network) .

CONTROL PACKETS

In the proposed integrated network , the primary method of transfe rring
control information between nodes is via control packets. Control

packe ts have the highest priority for placement on a transmiss ion
S 

trunk . There are 13 different types of control packets.

There are five types of control packets for handlinr L/S call setup

and takedown :

• L/S slot reservation command/request (Type 1)

• L/S slot reservation command (Type la)

• L/S slot reservation request denied (Type 2)

• L/S slot unreserve command (Type 3)

• L/S slot de-reservation command (Type 4)

There are five types of control packe ts for handling P/S transmi ssion
procedu res to fac ili tate the efficient transmission of sing le and
multi-packet messages through the network:

• P/S transmission connection request (Type 5~
• P/S transmission connection answer (Type 6)

• Molti-packet transmission request (Type 7)

• Ready to receive multi-packet message (Type 8)

• Confirm acceptance of a single—packet messaqe (Type 9)
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There are three types of control packets for handling packetized

voice (P/V) call setup and takedown :

• P/V call setup request/command (Type 10)

• P/V call setup request denied (Type 11)

• P/V call takeclown command (Type 12)

The use of control packets and the nodal processing after a node

i.~~ceives a certain type of control packet will be described in the

folic’wing sections on L/S call setup/takedown , P/V call setup/take-

down , and P/S data transmission procedures. The content and the

size of each of the control packets and their definitions are given

in Appendix A.

LINE -~ ,cV N N~~fl CALL SETUP/TAKEDOWN PROCEDURES

Introduction

The line-switched call setup (takedown ) procedures consist of two

steps: 1) slot reservation (de—reservation ) , and 2) allocation

(de-aliocation)

The first step is concerned with slot reservation (de-reservat ion).

Its purpose is to prime the selected nodes (based on route selected )

for the transition from (to) packet-switched data to (from) line—

switched data. Reservation (de-reservation) is accomplished through

the transmission of specialized control packets. Control packets

used f ’r reservation identif y the time slots that will be used by

the -~~ll being set up. Control packets used for dc-reservation

identify a line-switched call by its call setup number , wh ich is
in turn linked to th ~ ime slots used for the call. (Control packet

details arc described later.) At the completion of reservation

(de-res rv~ition) the nodes are ready for the second ~tep, allocation

(de—allocat 1 ri )
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The second step, concerned with the allocation (de-allocation) of

time slots , is accomplished through the transmission of a valid

synchronization field (refer to frame format description) . The

synchronization field specifies the call , and thereby the time siio t r ,

which are to be allocated (dc-allocated). At the completion of allo-

cation (dc-allocation), the nodes are transmitting (not transmitting )

line-switched data in the selected time slots .

The line—switched call setup (takedown) procedures cause the transmit-

and-receive-tables internal to the network nodes to be updated . Re-

servation causes time slots containing packet-switched data (state 00)

to be designated as packet-switched data with transition pending

(state 10). Allocation is the transition process and causes the

states of the time slots to be updated from 10 to 11 (line-switched

data). Dc—reservation again results in slots being designated as
transition pending (state 01) , and dc-allocation is the transition

S process to packet-switched data (state 00)

The line-switched procedures discussed here include setup, takedown ,

and preemption .

Norma l Line—Switched Call Setup

Reservation -- Line-switched call setup begins when the calling node ,
S A (Figure 15) res ponds to one of its local subscribers by se nding a

“L/S slot reservation command/request” (Control Packet Type 1) to the
S next node , B. This begins reserva tion of the forward path.

The second node , B , responds by sending a “L/S slot rese rva tion
command” (Control Packet Type la) back to A. This begins reservation

of the return path. Node B also continues the forward reservation

by sending a Type 1 control packet ~~ node C once it has been deter-

mined that the return path from B to ~ can be reserved .

‘l
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RESERVAT ION o ©
CALLING CALLED

A L L O C AT ION

0 0
CALLING 

~~~~~~~~~~~~~~~~~~~~~~~~c o o

NODE A CALLS NODE D

RESERVE LIN7SLOT FROM A TO B

(T YPE 1 CONTROL PACKET)

RESE R~ LI N [/SLOT FROM B TO A

(rYPE la CONTROL PACKET) <ACKNOWLEDGE NOT SHO~~>

RESERVE L :NL/sHoT FROM B TO C

JYPE 1 OONTROL PACKET )

RESERVE LINE /SHOT FROM C TO B

(TYPE la CONTROL PACKET) -ACK N O~&EDGE NOT SHO~~>

RESERVE LINE/SLOT FROM C TO D

(TYPE 1 CONTRO L PACKET )

RESERVE LNE/SLOT FROM D TO C
-- 

(TYPE la CONTROL PACKET) ~ACKN OWLEDGE NOT SHO~~>

ALLOCATE RESERVED D TO C LINE/SLOT (SYNC)

C ALLOCATE RESERVED C TO B LINE/SLOT (SYNC)

0 ALLOCATE RES ERVED B TO A LINE/SLOT (SYNC)

Q ALLOCATE RESERVED A TO B LINE/SLO t (oYNC)

ALLOCAT E RESERVED B TO C LINE/SLOT (SYNC)

S :0 ALLOCAT E RESERVED C TO D L 1N L S ’SLOT ( T Y N C )

Figure 15. Normal Line Switched Call Setup Procedure
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The reservation process ‘continues until the called node , D, has sent:

and rece ived an acknowledge for the Type la control packe t which

completes reservation of the return path.

Allocation -- When both the forward and return paths have been reserved ,

the called node begins the allocation process by 1) send ing a valid
synchronization field along the return path (to node C); and 2) in-

cluding line-switched data in the reserved time slots. The synchroni-

zation field is transferred through each node at frame speed until it

rea ches the calling node. There its direction is reversed and line
switched data is supplied in the next frame for the time slots reserved

for the forward direction . When the synchronization field reaches the

called node , allocation is complete (and the L/S data for the first

frame in each direction has also been transmitted through the network.)

Normal Line-Switched Call Takedown

Dc-reservation -- Line-switched call takedown begins when the termin-
ating node , A (Figure 16) responds to one of its local subscribers

by sending a “L/S slot dc-reservation command” (Control Packet Type 4)

to the next node , B. This begins dc-reservation of one direction

of the call path .

The second node , B , responds by sending a “L/S slot dc—reservation
command” back to A. This begins dc—reservation of the second

direction of the call path. Node B also continues dc—reservation in

the first direction by sending a Type 4 control packet to node C.

The dc-reservation process continues until the terminated node , D,

has sent and received an ack nowledge for the Type 4 control packe t
which completes dc-reservation of the second direction of the call

path.
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DE-RESERVAT ION

o 0 0
TERMINATING TERMINATED

OE-ALLOCM ION o 0 0
TERMINAT ING

NODE A TERMINATES

DE-RESERVE LINE/SLOT FROM A TO B

(TYPE 4 CONTROL PACKET)

BE-RESERVE LINE /SLOT FROM B TO A

(TYPE 4 CONTROL PACKET) - ACKNOWLEDGE NOT SHO~t~’

BE-RESERVE LI NI 0 O T FROM B TO C

(TYP E 4 CONTROL 240¼[f)

~ 
OF—RESERVE LIN~ / SLO~ FROM C TO B

(TYPE 4 CONTROL PACKET) -ACKNOWLEDG E NOT SHO~~—

DE-RESERVE LINE /SLOT FROM C TO D

(TYPE 4 CONTROL PACKET)

DE-RESERVE LINE /SLOT FROM D TO C

(TYPE 4 CONTROL PACKET) - -ACKNOWLEDGE NOT SHOWN ’

DE-ALLOCATE D TO C LINE/SLOT (SYNC)

0 DE-ALLOCATE C TO B LINE/SLOT (SYNC)

~ OF-ALLOCATE B TO A LINE /SLOT (SYNC)

-- OF-ALLOCATE A TO B LINE /SLOT (SYNC)

DE-ALLOCATE B TO C LINE /SLOT (SYNC)

DE-ALLOC ATE C TO D LINE /SLOT (SYNC)

Figure 16. Normal Line Switched Call TakedOWTl
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Dc-allocation -- When both directions of the call path have been
dc-reserved , the terminated node begins the de—allocation process :

it send.’~ a valid synchron ization field along the call path (to node C)
and; it includes packet-switched data (or idle) in the dc—reserved

time slots. The synchronizat ion field is transferred through each
node at. frame speed until it reaches the terminating node . There

its direction is reversed and packet-switched data (or idle) is

supplied for the time slots which were dc-reserved in the opposite
S direction. When the synchronization field reaches the terminated

node , dc-allocation is complete .

Line-Switched Call Preemption

Line-switched call preemption occurs when a network node elects to

terminate a call to provide a route for a higher precedence call.
Preemption by the calli ng or the called node is the same as call
takedown . Preemption by an intermediate node is analogous to the

simultaneous takedown of two calls.

Dc-reservation -- Line-switched call preemption begins when the pre-
empting node , B (Figure 17) , sends a “L/S slot dc—reservation command”
(Control Packet Type 4) to the adjacent nodes , A and C. This beg ins
dc-reservation of one direction on each of two call path segments.

The adjacent nodes , A and C , respond by sending a “L/S slot de-
reservation command” back to B. This begins dc-reservation of the

second direction of the call path segments. The adjacent nodes may ,
as in the case of node C , continue dc-reservation by sending a Type 4

control packet along the call path.

The dc-reservation of a call path segment continues until the pre-

empted node on that segment has sent and received an acknowledge for
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BE-RESERVATION

© 0 ©
PREEMPTED 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ Q D  
PREEMPTED

S PREEMPTED
NODE

DE-ALLOCAT ION

0 0
PREEMPTED 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
G © D  

PREEMPTED

PREEMPTED
NODE

LINE/SLOT FROM B TO C PREEMPTED BY NODE B

0 BE-RESERVE LINE/SLOT FROM B TO C

(TYPE 4 CONTROL PACKET)

BE-RESERVE LINE/SLOT FROM B TO A

(TYPE 4 CONTROL PACKET )

BE-RESERVE LINE/SLOT FROM C TO B

(TYPE 4 CONTROL PACKET) -ACKNO WL EDGE NOT SHOWN >

BE-RESERVE LINE/SLOT FROM C TO B

(TYPE 4 CONTROL PACKET)

DE-RESERVE LINE /SLOT FROM A TO B

(TYPE 4 CONTROL PACKET) -:ACKNOWLEDGE NOT SHOWN >

DE-RESERVE LINE /SLOT FROM D TO C

(TYPE 4 CONTROL PACKET) -ACKNOWLEDGE NOT SHOWN>

DE -ALLOCAT E A TO B LINE/SLOT (SYNC)

BE-ALLOCATE U TO C LINE /SLOT (SYNC )

BE-ALLOCATE B TO A LINE/SLOT (SYNC)

U- BE-ALLOCATE C 10 B LINE/SLOT (SYNC)

BE-ALLOCATE B TO C LINE /SLOT (SYNC)

BE-ALLOCATE C TO D L I N E /SLOT ( S Y N C )

Figure 17. Line Switched Call Preemption
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the Type 4 cc otrol packet which completes dc-reservation of second

direction of the call path segment.

Dc-allocation -- When both directions of a call path segment have

been dc-reserved , the preempted node on that segment begins the de—

allocation process: 1) it sends a valid synchronization field along

the segment (D to C , or A to B) and ; 2) it includes packet-switched

data (or idle) in the dc-reserved time slots. The synchronization

field is transferred through each node at frame speed until it reaches
S 

the preempting node. There its direction is reversed and packet-

Switched data (or idle) is supplied for the time slots which were

dc-reserved in the new direction . When the synchronization field

reaches the preempted node , dc-allocation is complete .

Timing and Control -- Not e that because the two call path segments

are dc-reserved and dc-allocated independently, dc—allocation can

begin or. one segment before dc-reservation is complete on the other

segment. Note also that , if necessary, nodes can cause preemption
of line/slots of which they are not the master by preempting the

corresponding line of the call path . For example , node B can cause

preemption of the line from C to B by preempting the same call on

the lino from B t 5 C.

L/S Nod e Processes and Process Flow Sequences

To appreciate and analyze the processing requirements created at a

node by the L/S call handling procedures , a set of node processes

and a set of process flow sequences have been defined. The process

flow sequences are keyed to the receipt of control packets.
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Node Processes -- The eight node processes are functionally defined:

1. Frame decomposer

2. Control packet processor

3. Synchronization field processor

4. Control packet formatter

5. Receive table updater

6. Transmit table updater

7. L/S router
8. Frame composer

Frame Decomposer -- The frame decomposer (Figure 18) separates
incoming frames into:

• Synchronization field

• L/S data

• Control packets

• Data packets

• Voice packets

Each item is placed into the appropriate queue for processing .

Recognition and separation of control , voice , and data packets

may be performed by a subordinate process. The frame decomposer

rece ives input from :

• The l n c np l j n c T  communications line
• The receive table

• Node control
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Figure 18. Frame Necomposer

Control P~icket Processor -- The control packet processor

(Fioure lu ) se n - es the control packet queue. It interprets con-

trol nackets ~ind appropriately requests the following actions:

• Receive table updat- r-s

• Transmit table updates

• Route selection

Each ; ‘ R - O t  is placed in the pioper tahie update or route

req ie.- iue,1c -

68

L ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ - 5 - 
_ _ _ _ _



- .

CONTROL
PACKET
QUEUE

CONTROL
CO~iTROL PACKET

PROCESSOR

RECEIVE RECE I- ,L TRANSMIT TRANSMIT L/S L/S
TABLE TABL [ TABLE TABLE ROUTING RE-ROUTING

S UPDATE UPDATE UPDATE UPDATE REQUEST REQUEST
QUEUE QUEUE QUEUE QUEUE QUEUE QUEUE
(00 .~ )j (11 -01 ) (OO-~1O) (11 —01)

Figure 19. Control Packet Processor

Synchronization Field Processor -- The synchronization field

processor (Figure 20) serves the sync field queue . It responds

tn ~‘alid synchronization field occurrences by requesting the

following actions :

• Receive table state updates

• Transmit table state updates

• Synchronization field transmission
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Fi~ ure 20. Synch ronization Field Processor

Cont no! Packet Format:ter -- The control packet formatter
(~~i~~-jre 2.1. serves node contro l l y creating control p~o kets for
ransmissjon to other ne~ ’.~urk nodes. The control pa~-Kets are

p 1r ~cod LI ] the o u tr u n  cen t no]. pucKet queue .

I F CL~ (P~~O~(TRO t—~
-- - -
~ ~‘1 P~\C Kt ~T

___________ 
j  [ FO I’~~T T E R

DU 1 ~~

Figure 21. ( O n tr o  P ach -t  F o r m a tt e r
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Receive Table Updater —- The receive table updater (Figure 22)

22) responds to queued requests for changes to the receive table.

It updates the receive table to reflect:

• L/S call setup

• L/S call takedown

• L/S call pre-emption

RE C E IJ E RECEI VE RECEIVE REC EIVE RECEIVE
TABL E TAB LE TABL E TA BLE TABL E
UPDATE UPDATE UPDATE UPDATE UPDAT E
QUEUE QUEUE QUEUE QUEUL QUEUE
(00 -10) (1O -~1 1) (1O~OO) (o1-~-O1 ) (01 -~O0)

r RECEIVE
CONTROL ---- - TABLE

UPDATER

RECEIVE
TABL E

Figure 22 . Receive Table Upd ater
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Transmit Table Updater —- The transmit table updater (Figure
23) responds to queued requests for changes to the transmit table.

It updates the transmit table to reflect:

• L/S call takedown

• L/S call pre-emption

TRANSMIT TRANSMIT / SMI~\( TABL E ( TA BLE \ I TABLE \ I TABLEUPDATE J ( UPDATE I I UPDATE I I UPDATE J
~ QUEUE J ~ QUEUE / ~ QUEUE / ~ QUEUE /

(1O~ 1 l ) (1o-~oO) (11~01) O1~ OO)

TRANSMIT
CONTROL TABLE

UPDATER

T N SM IT
TABL E

Figure 23. Transmit Table Updater

L/S Router —- The L/S router (Fioure 24) responds to queued
rou t ing and re-routing requests. It maintains the transmit table
(for L/S call ur-tup) , the blocked pat h da ta base and the routing
data base.
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L/S L/S
ROUT ING RE-ROUTING
REQ UEST 

/ 
REQUEST

CON TROL 
ROUT[q

~~~~~A~~~E 

N
N

~~~~~~~

A:E

Figure 24. L/S Router

Frame Composer -
~~~ The frame composer (Figure 25) creates

~~~~~~~~~~~~~ S ir1 q frames by combining elements from the following sources: S

• Output data packet queue

• Output voice packet queue

• L/S Data

• output c o n t r o l  packet  queue

• Sync field data

Frames ire rood in accordance with the transmit table and

plac. C on the communications line.
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OUTPUT OUTPUT OUTPUT UTPUT S YNC
VOICE CONTROL DAT A 

‘~~~~ ~~
TA FIELD

PACKET PACKET PACKET REQ UEST
QUEUE QUEUE QUEUE QUEUE

FRAME TRANSMITCONTROL COMPOSER TABL E

COMMUN ICAT ION S
LINE

Figure 25. Frame Composer

Process Flow Sequences -- The process flow sequence diagrams de-

pict the sequence of actions performed by a node in response to

the receipt of network L/S control packets (types 1, la , 2 , 3 ,

and 4) and valid synchronization fields. In addition , the se-

quence leading to the initial transmission of a type 1 control

packet is shown . Emphasis is placed on “typical” flow to

provide an overall description of node L/S related processing.

However , “atypical” flow paths are included for completeness.

The notation is informal and is not meant to imply or prohibit

concurrent processing .

Initiate Type One (Figure 26) -- In response to a user request

for L/S call setup, the node first selects a route . The L/S

router examines the routing and blocked path databases and selects

an outgoing trunk and time slot appropriate to the call destination

ari d size (bandwidth requirement)
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çATE

L SELECT
ROUTE

UPDATE
FORWARD

TR:~NsMIT TABLE
(OO -*1O)

T~ON~ MIT L/S SLOT
RESERVAT ION

L
S S : 1~1~~D/REQ UEST

(~
1)

Figure 26. Initiate Type One

The L/S router updates the transmit table correspo nding to the
selected outgoing trunk to reflect the slot reservation (00 -

~ 10)

The control pack et format te r  crea tes a type 1 control packe t (L/S

slot reservation command/request) and places it in the output

control packet queue for transmission via the frame composer .

Receive Type One (Fiqure 27) -- Upon receipt of a type 1

control packet (L/S slot reserv~ tion command/request) .. the control

packet processor requests antion by the receive table updater and

the  L/S router. The receive table updater changes the appropriate

~~i t 1o -  er.t ry to indicate the pendiuq transition from P/S data to

L/S data (00 -~ 10). The L/S router searches the routing and

blocked rath databases to select a return route- .
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Figure 27. Receive Type One
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If no route is found , the r~ ceive table updater is requested to

restore the receive table to its previous state (10 -* 00) . The

control packet formatter is then charged with creating a

slot reservation request denied” control packet (type 2) for

transmission tow~~r-u the originating node .

If a return route is found , the L/S router updates the transmit

table for the return trr~~k (00 -* 10) . A “L/S slot reser-:at ion S

command” control packet (type la) is then sent along the return

path. Next , the L/S route, searches the databases to select a

t o r wa r d  rou te .

If no route is found , the receive table updater chanoes the state

of the iucominq t ime slot (10 -
~ 00) ; the transmit table updater

changes the state of the reverse path time slot (10 + 00); and the

neritrol packet formatter creates a “L/S slot unreserve command ”

control packet (type 3) which is sent toward the originating node

thereby indicating that an alternate route is required.

~i forward route is found , the L/S router updates the transmit

tib l e for the selected trunk and time slot (00 ~ 10). Then the

control packet formatter generates a new type 1 control packet

which is ne -nt to the next node.

Rece ive  Type One-A (F igure  28 )  -- When a node receives a type

la c :,nt ro l  packe t  (L/ S slot rese rva t ion  command) , i t  merely up—
dates  the sp e c i f i e d  receive table entries to reflect the pending
transition from P/S data k ’ -  L/S data. No other action is required .
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UPDATE
RECEIVE TA BLE

COO - 10)

Figure  28 .  Receive Type One-A

Receive Type Two (Figure 29) -— A type 2 control packet

indicates “ L/ F  slot reservation request denied” . The node

removes the transition pending status of the corresponding for-

ward transmittable entry . Then the L/S router searches for a

new forward route .

If no route is found , the path from the originating node ’s

direction must be taken down . The receive table entry is

changed from ~O to 00. The transmit table for the reverse

direction is also updated (10 -
~ 00) , and the previous node is

informed of the back routinq via a type 3 control packet

(L/S she unreserve command)

If a new forwar l route is found , the transmit table is updated

to reelect the state of the new forward route (00 -
~ 10) and

a “L/S slot reservation command/request” control packet (type 1)

is sent to the next node .

Receive Type Three (Figure 30) -- A type 3 control packet

(L/S slot unreserve command) results in the same process sequence
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Figure 29. Receive Type Two
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Figure 30. Receive Type Three
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as a type 2 control  packet  except  that first the receive table

for the reverse path link from the called node direction must

be updated to remove the slot r e se rva t i on  ( 10 -* 00).

Receive Type Four (F i gure  31) -- Upon receipt  of a type 4
cont ro l  packet  (“L/ S  slot de - rese rvat ion  c o m m a n d ” )  , the node
prepares  a l l  f o u r  cal l  links for de-allocation by updating the
fo rward  and reverse t r a n s m i t  and receive tables  to the 01 state .

I t  then  propagates  the type 4 cont ro l  packe t  to the nex t  node
along the ca l l  p a t h .

Receive Syn c ( Fi g u r e  32) -— V a l i d  s y n c h r o n i z at i o n
fields result in time slot allocation or de-allocation . This is

accomplishe S by appropriate updates to the transit an d  receive

tables in one call direction and the propagat :i c-n of the valid

synchronization field along that same call direction. A call.

path is entirely “up ” (or ‘ down ”) wh~ ti the sync field has

propaqatei around the entire call path and returned to the sync

originating node.

PACKETIZIS[) VOICE (P/V) CALL (CLASS IB) SETUP/TAKEDOWN PROCEDURES

Similar to setting up a Class IA voice ‘- a ll , special control packets

are used to set un a call. fi :-~c-d route is es~ -3 ’1ished and is

used by all voice packets of the ri )l. Trunk sp~ ce for the call

will be reserved in accordance with the Class I data li rr it. Thit

is , all P/v calls must be transmitte d in the Class I portion of

the frame , and should all calls prov i de samples simultan€ouslv ,

there will be sufficient bandwidth to transmit all samples. t.’hen

P/V samples are not present , Class U/lIT data packets will be

used to fill tH available runk capacity.
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FORWARD

RECEIVE TA BLE
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UPDAT E
REVERSE

RECEIVE TABLE
(11 +01 )

UPDATE
F O RW A RD

T R A N t M I T  T ABLE
( 11- 01 )

UPDATE
REV ER SE

TESSN SMIT TABLE
( 11 -01)

TRAN MI T L/S SLOT
DE - RESERV A T ION 

S

COMMAND
(
~ 
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Figure 31. Receive ‘ty pe- Four Control Packet
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At each node alon-1 the pa th  of a P/V ca l l  in the ne twork , the

voice packets of the call are switched to a fixed output trunk by

consulting the P/V call-switching table. At each node the only

operation required fo: setting up or taking down a P/v call is to

it date its P/V call—switching table. Figure 33 shows a P/V

call—switching table at a node . Each row in the table corres~ I~~~ :

to a P/V call passing through this node . Each row has two entries :

the Directiona] Call Number and the Output Trunk Number. The

rows are created or removed as P/V calls are set up or taken I}owfl .

OUTPUT
DIRECT ION/h T PUNH
CALL (15 B iTS )  (4 BITS)

I _______________________________________________________ _________________

• _
_ _ _  

:

F i gur e  3 3 .  P ack e t i z e d— V o i c e  C n l l - 5 w 1
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Packetized-Voice Call Setup

Figure 34 shows the P/V call setup procedure with an example .

To set up a P/V call , the calling node , A , first selec ts a
route to a next node for the call. After a route is selected ,

a directional-call-number entry representing the call with

direction toward the called node CD) and an accompanyinq entry

with the selected output trunk number are put into a row in the
P/V call-switching table at Node A. Node A then sends a Type 10

control packet , “P/V Call Setup Request/Command ” , to the next

node, B. (B is the node at the other end of the selected output

trunk from A. )

The operations at a node after it receives a Type 10 control
packe t are shown in the flowchart of Figure 35. Consider Node B
in our example. Af ter receiving the Type 10 control packet from
Node A , Node B first checks to see if there is sufficient Class I
trunk space available on the reverse-direction line of the

selected link between A and B.

If so , then it puts a new row in its P/V call—switching table .

The ntw row has (1) the same 14-bit call number as that put in

the P/V call-switching table of Node A; (2) the direction bit

flipped to indicate the reverse direction (Node B to Node A );
and (3) the trunk number corres ponding to the selected link
between Node A and Node B. If Node B is the calied node , then

no more operation is required at B and the call se tup is now
complete . Because Node B is not the called node (in the example)

it will then continue to set up the P/V call by repeating the

operations which occurred at Node A. (The operations include

selecting an output trunk , creating a new row in the P/V call—

switching table , and forwarding a Type 10 contrni packet to

the next node connected by a selected trunk.)
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CALLING CALLED
NODE NODE

STEP:

0: AT® SELECT A ROUTE AND ENTER A ROW INTO THE P/V CALL

SWITCHING TABLE FOR FORWARD-DIRECTION (® TO ®~ 
VOICE

PACKETS OF THE CALL.

1 : SEND A TYPE 10 CONTROL PACKET FROM TO

2: AT PUT A ROW IN THE P/V CALL SWITCHING TABLE FOR

REVERSE -DIRECTION -* ®) VOICE PACKETS OF THE CALL ;
(ii) SELECI A ROUTE AND ENTER A ROW INTO THE P/V CALL

SWITCHING TABL E FOR FORWARD-DIRECTION (® to 0) VOICE
PACKETS OF THE CALL.

3: SEND TYPE 10 CONTROL PACKET FROM TO

4: SIMILAR TO STEP 2 FOR NODE 0.
5: SAME AS STEP 3

6: SIMILAR TO STEP ® - (i).

Figure 34. Packetized-Voice Call Setup Procedure
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c~ CE IV E
TYPE 10 CONTROL

PACKET

SEND TYP E 1 1 CONTROL
BANDWIDT H AVAILABLE PA CK ET , P/V CALL SETUP
FOR THE P/V CALL ON NO REQUEST DENIED , TO
THE RETURN DIRECTION ? THE PRECEDING NODE

YES

PUT A RO W IN THE °/V SELECT A FORW~RD ROUTE
CALL SWIT CHING TABLE 

_______ 

AND ENTER A ROW IN THE
FOR REVERSE -DIREC TION ~ P/V CALL SWITCHING TABLE
FOR THE P/V CALL FOR FOR WARD-DIRECTION

OF THE P/V CALL

~~~~~~~~~~~~~

IS NOD E No 
PAC KET , ‘ P/V CALL SETUP
SEND A TYPE 10 CONTROL

REQUEST/COMMAND ’ TOTHE
_____ THE NEXT NODE ON THE

C’~LL~~C NODE? FORWARD ROUTE

V

Fi~~~rr V~ . T acke tizeci—Voice Call Setup Flowchart
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In each intermediate node on the path of a P/V call , there are
two rows in the P/V call-switching table. One row is for switch-

ing voice packets of the call in the direction toward the called

node (Node D in the example ), and the other row is for switching
voice packets of the call in the direction toward the calling

node (Node A in the example).

After Node B receives the Type 10 control packet from Node A , if
there is no sufficient Class I trunk space available on the

reverse-direction line (from B to A) for the P/V call , then a
Type 11 control packet , “P/V Call Setup Request Denied ” , will also

be sent by Node B to Node A. A Type 11 control packet will also be

initiated by a node and sent to a preceding node if the node

cannot find trunk space in any forward route for the packetized-

voice call. The flow chart in Figure 36 describes the conditions

under which a Type 11 control packet will be initiated.

The operations at a node after it receives a Type 11 control

packet are described in Figure 37.  First , it deletes a row
corresponding to the denied route from its P/V call-switching

table. Next , it will try other routes to set up the P/V call.

If some other appropriate route has trunk space for the P/V call ,

then that route will be selected and the P/V call setup will be
continued following that route. If all appropriate routes have

no trunk space for the P/V call , then the P/V call is blocked
at this node. Then , the node will check if it is the calling
node of the P/V call. If it is , then the caller will be notified

that his call cannot be set up at that time (e.g., by network
busy signal). If this node is an intermediate node , then a Type
11 control packet will be generated by the node and sent to the

preceding node on the partially set up path of the P/V call.
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INITIATE
TYPE 12 CONTROL

BANDWIDTH NOAVAILABLE FOR THE
P/V CALL ON THE
RETURN DIRECTION?

YES

EXIT YES IS THIS
(CALL SETUP THE CALLED
IS COMPLETED. NODE .
NO TYPE 11
CONTROL PACKET
IS GENERATED.)

NO

FORM A TYPE 11 CONTROL
ARE ALL FORWARD PACKET , ‘P/V CALL SETUP
ROUTES BLOCKED REQUEST DENIED’ , AND
FOR THE P/V CALL? SEND IT TO THE PRECEDING

NODE .

NO
EXIT

(SELECT ALTERNATE
ROUTE. NO TYPE 11
CONTROL PACKET
IS GENERATED)

Figure 36. Initiate Type 11 Control Packet Flowchart
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~~~~

RECEIVE
TYPE CONTROL 

~~~~~~~~~~~~~~IN~
D
~ODE O

OF THE P/V CALL ?

DELETE A ROW FROM
THE P/V CALL SWITCHING
TABLE REPRESENTING

FOR 
YES

INFORM THE CALLER
THAT THE VOICE

TRY DIF FERENT CALL IS DENIED
FORWARD ROUTES
FOR SETTING UP
THE P/V CALL ________________________________

K
~
I
~ 

FORM A TYPE 11
CONTROL PACKET

ARE ALL YES AND SEND IT TO
FORWARD ROUTES THE PRECEDING NODE
BLOCKED FOR THE

P/V CALL?

NO

A

Figure 37. Receive Type 11 Control Packet Flowchart
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SELECT AN
ALTERNATE FORWARD

ROUTE

REPEAT THE P/V SETUP
PROCEDURE (FROM THIS
NODE ON) WITH THE
SELECTED ROUTE

Figure 37. Receive Type 11 Control Packet Flowchart
(Concluded)

Packetized Voice (P/V) Call Takedown

A P/V call takedown example is shown in Figure 38. The termi-

nating node , A , first updates its P/V call-switching table by

deleting a row representing the call on the link from Node A
to Node B. Then Node A generates and sends a Type 12 control

packet , “P/V Call-Takc -Iown Comm and” , to the next node on the
path of the P/V call b€ing taken down . The call takedown

process at Node A is then complete .
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TERMINATING TERMINATED
NODE NODE

STEP:

0: AT 0, DELETE A ROW CORRESPONDING TO THE CALL IN THE
DIRECTION OF (~A~ TO ® FROM THE P/V CALL SWITCHING TABLE.

1: SEND TYPE 12 CONTROL PACKET FROM TO

2: AT ®, DELETE TWO ROWS FROM THE P/V CALL SWITCHING TABLE ,

ONE FOR THE P/V CALL IN THE DIRECTION OF (j~ TO AND THE

OTHER FOR THE SAME CALL IN THE DIRECTION OF (“
~~ 

TO 0.
3: SEND TYPE 12 CONTROL PACKET FROM ® TO

4: SIMILAR TO STEP 2 FOR NODE

5: SAME AS STEP 3.

6: AT ®, DELETE A ROW CORRESPONDING TO THE CALL IN THE
DIRECTION OF Q TO Q.

Figure 38. Packetized-VOice Call Takedown Procedure
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The operations at a node after it receives a Type 12 control

packet are shown in the flow chart of Figure 39. Consider Node

B in this example. After receiving the Type 12 control packet

from Node A , Node B updates its P/V call-switching table by

deleting a row representing the call on the link from Node B

to Node A. If Node B were the terminated node , then the P/V

call-takedown process would be complete . In this example ,

Node B is an intermediate node . Therefore , Node B will then
continue the P/V call-takedown process by repeating the oper-

ations executed by Node A , which include deleting a row (link

from B to C) from the P/V call-switching table (at Node B) and

generating and sending a Type 12 control packet to the nex t node
(C) on the path of the P/V call.

PACKET-SWITCHED (P/S) DATA TRANSMISSION PROCEDURES

Packet Transmission Procedures Between Source Node and Destination

Node

Sou rce to Des tination Node Protocol for Class Il/ Ill
Data Packets —— The proper source node to destination node

protocol is presented in the following subsections .

Connection Se tup Between Source Node and Destination Node --
To transmit Class II or Class III data from a user terminal or
computer process port (called a source port) to another user termi-

nal or computer process port (called a dest ination port) requires
the establishment of a one-direction logical connection between

these two por ts. The source por t sends a Type 5 Control Packet ,
“P/S data transmiss ion connection reques t” , to the desintation
node to inquire whe ther the destination port is “on ’ . The desti-

nation node , in return , sends a Type 6 Control Packet , “P/S data
transmission connection answer ” , to the source node . If the
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RECEIVE
TYPE 12 CONTROL

DELETE A ROW FROM THE P/V DELETE AN ENTRY FROM THE
CALL SWITCHING TABLE P/V TRANSMIT TABL E
REPRESENTING THE P/V CALL REPRESENTING THE P/V CALL
IN THE DIRECTION TOWARD ~~ IN THE DIRECTION TOWARD
THE TERM INATING NODE THE TERMINATED NODE

<
N(

>— 

FORM A TYPE 12 CONTROL
PACKET AND SEND IT TO

IS THIS NODE NO THE NEXT NODE TOWARD
THE TERMINATED NODE? THE TERMINATED NODE

YES

EXIT
(P/V CALL TAKEDOWN COMPLETE)

Figure 39. Receive Type 12 Control Packet Flowchart
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destination port is “on ” , then the returned Type 6 Control Packet

is affirm~ttive ; and the connection is established when the source

node receives the Type 6 Control Packet. The P/S transmission

connection setup procedure is shown in Figure 40. The operations

at a node after it receives a Type 5 control packet ~re shown in

Figure 41. The operations at a node after it receives a Type 6

control packet are shown in Figure 42.

Source Source Network Destination Destination
Port Node 

________ 
Node Port

Message Transmission P/S Transmission Connection Inquire Destination
Request Request (Type 5) Port Status

Connection Status P/S Transm~ssTon Connection Status
Answer (Type 6)

o~ p
Figure 40. P/S Transmission Connection Setup

Af ter the one—direction logical connection is made , the source node
will attempt to allocate buffer space for one message for the

source port. If the buffer space can be allocated , then the source
port will start to load the buffer with a message. If the buffer

space cannot be allocated for a predetermined amount of t ime , then
the logical connection will be cleared (timed out) . If the buffer

space is successfully allocated at the source node for this connec-
tion, then actual transmission of messages over the network will be

initiated . Depending on the length of each message , two different
procedures are used for transmitting the messages (which are pack-

etized) from the source port to the destination port.
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RECEIVE
TYPE S

DESTINATION
NODE OF THE TYPE S

PACKET ~ PORT STATUS

NO
FORM A TYPE 6

SELECT A ROUTE FOR THE CONTROL PACKET
TYPE 5 CONTROL PACKET

SELECT A ROUTE FOR
THE TYPE 6 CONTROL

PLACE THE TYPE 5 PACKET
CONTROL RACK ET ON
SELECTED ROUTE OUT PUT _____________________________

QUEUE FOR TRANSMISSION

PLACE THE TYPE 6
CONTROL PACKET ON
SELECTED ROUTE OUT PUT
QUEUE FOR TRANSM ISS IO~

Figure 41. Receive Type 5 Control Packet
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RECEIVE
TYPE 6

DESTINATION YES REPORT THE STATUS
PACKET? TO THE CALLING PORT

NO

SELECT A ROUTE FOR THE
TYPE 6 CONTROL PACKET

PLACE THE TYPE 6 CONTROL
PACKET ON SELECTED
ROUTE OUTPUT QUEUE
FOR TRANSMISSION

*THIS IS THE SOURCE NODE THAT INITIATES THE SETUP OF THE
P/S TRANSMISSION CONNECTION CONCERNED.

Figure 42. Receive Type 6 C~ ntrol Packet
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Multi—Packet Message Transmission Procedure -— For long

messa ges , wh ich cannot be contained in one packe t , a multi-

packet protocol as shown in Figure 43 will be employed. The

protocols for single-packet messages will be discussed later.

To avoid lock up during messa ge reasse mbly and to improve the

netwo rk flow control , the transmission of a multi—packet message

will not be started until there is a “ready to receive multi—

packet message ” signal (which was sent by the destination node v ia
a Type-8 Control Packet) available at the source node waiting to

be “used ” . When a multi—packet message is pending for trans-

mission to the destination node and an appropriate “ready to

receive multi—packe t message ” signal is not availab le , the source

node will send a Type-7 Control Packet , “multi—packet transmission

request” , to the destination node . Upon receiving this request ,

the destination node will try to allocate buffer space for one

multi-packet message . When this buffer space is successfully

allocated , the destination node returns a Type—8 Control Packet ,

“Ready to receive multi-packet message ” (sim ilar to Reques t for
Next Message) to the source node . Each “ready to receive multi-

packet message ” signal (from a destination node) at a source node

can initiate the transmission of one multi—packet message between

that source node and that destination node . The operations at a

node after it receives a Type-7 control packet and a Type-8

control packe t are shown in Figures 44 and 45 , respectively.

Each multi-packet message is sent as several packets from a source

node to a destination node . After the destination node has

received all packets of the message , it reassemb les them into
a message and outputs to the destination port. Upon completion

of the output process , it sends a Type-8 Control Packet , “ready

to receive a multi—packet message ” , to the source node , since it

has buffe r space available to accept a new multi-packet message.
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SOURCE SOURCE DESTINATI O N DESTINATIONPORT NETWOR K 
.J~ OE_ PORT

SEND “MULT I-PACKET TRANSMISSION
REQUEST” (TYPE 7)

ANY
“READY TO RE-

CEIVE MULT I-PACKET Nr~ 
ALLO CATE BUFFER

MESSAGE” FROM THE
DEST INATION NODE UNUSED?

ONE MESSAGE

YES

MESSAGE SEND ONE MES SAGE AS RECEIVE
SEVERAL PACKETS PACK ETS

- 

REASSEMBL E 

- - 
MESSA G~~~~

-

~~~~~~~~~~~~~~~~~~~~~~~~~~~~“READY TO RECEIVE BUFFER
MULTI-PACKET 

TIM 0MESSAGE ” SIGNAL
TIME OUT ___________

Figure 43. Multi—Packet Message Transmission Procedure
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RECEIVE
TYPE 7

DESTINATION YES
NODE OF THE ATTEMPT TU ALLOCATE

TYPE 7 PACKET BUFFER FOR A MESSAGE

NO

NO BUFFER
SELECT A ROUTE FOR THE ALLOCATED?
TYPE 7 CONTRO L PACKET

YES

PLACE THE TYP E 7 CONTROLF PACKET ON SELECTED FORM A TYPE 8
ROUTE OUTPUT QUEUE CONTROL PACKET

FOR TRANSMI SSION

SELECT A ROUTE FOR
THE TYPE 8 CONTROL
PACKET

PLACE THE TYPE 8 CONTROL
PACKET ON SELECTED
ROUTE OUTPUT QUEUE
FOR TRANSMISSION

Figure 44. Nodal Processing after Receiving Type 7 Control Packet
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RECEIVE
TYPE 8

DESTINATION INCREASE THE COUNT OF
OF THE TYPE 8 YES UNUSED “ READY TO

PACKET? RECEIVE MULTI-PACKET
MESSAGE” SI(~NALS
ORIGINATED FROM THE
SAME SOURCE NODE OFNO THE TYPE 8 CONTROL
PACKET

SELECT A ROUTE
FOR THE TYPE 8
CONTROL PACKET

PLACE THE TYPE 8
CONTROL PACKET ON
SELECTED ROUTE
OUTPUT QUEUE FOR
TRANSMISSION

Figure 45. Nodal Processing after Receiving Type 8 Control Packet
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Note that the “ready to receive a multi-packet message” signal can

be used by any source port (belonging to that particular source

node) which has a multi-packet message to be transmitted to the

destination node. That is , the multi-packet transmission request/

ready is used as a source-node- to-destination-node protocol (in-

stead of port-to-port). This increases the utilization efficiency
of the reassembly buffer in the destination node and reduces the
transmission of Type-7 and Type-8 Control Packets over the network .

Each buffer allocated for reassembling a message in the destination

node and each “ready to receive a multi-packet message” signal
received in the source node is timed . If it is not used within
a fixed amount of time, it will be timed out.

Sing 1e~
.Dacket Message Transmission Procedures -- A single-

packet messaa~ does not need a “ready to receive next message”

signal from its destination node in order for it to be sent.

The protocol for single-packet messages is shown in Figure 46.

A single—packet message is sent right after the message arrives

and is packetized at the source node . If this packet is success-

fully accep ted by the des t ination node , then a Type-9 Control

Packet ,”confirm acceptance of a single-packet message ” , which
contains the message number , is sen t by the des tination node ~o

the source node. On the other hand , i f the destination node
cannot accept it for the time being and it has to be discarded ,
then no acknowledgement will be returned by the destination node to

its preceding node , wh ich had a ttempted to send the packe t
(refer to “Node-to-Node packet protocol on page 104). The packet
will be resent after a timeout. When the packet is successfully

accepted by its destination node , then a Type-9 Control Packet ,
“confirm acceptance of a single—packet message” , will be sent by the
destination node to the source node . The operations at a node
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SOURCE SOURCE NETWORK DESTINATION DESTINATION
PORT NODE 

________ 
NODE PORT

MESSAGE AS A SINGLE-
MESSAGE PACKET PACKET MESSAGE

ACCEPTED

CONFIRM ACCEPTANCE OF A SINGLE-
PACKET MESSAGE (TYPE 9)

(A) MESSAGE AS A SINGLE-PACKET ACCEPT ED

MESSAGE AS A SINGLE -
MESSAGE PAC KET PACKET

~~ DISCARDED

PRECEEDING
NODE

(B) MESSAGE AS A SINGLE-PACKET DISCARDED FIRST
AND ACCEPTED LATER

Figure 46. Single-Packet Message Transmission Procedures
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after it receives a Type-9 control packet are shown in Figure 47.

Source to Destination Node Protocol for Control Packets, Ack

Packets and Voice Packets -- The control packets are generated

within the network for network operation control (e.g., L/S

setup/takedown , P/S transmission procedures ,etc.); and the voice

packets are transmi tted without acknowledgements between nodes

(refer to “Node-to-Node packet protocol” below), so that the fixed-

delay features of voice calls may be maintained . In both cases

the source node does not need the conf irmation of the acceptance
of a packe t by the des tina tion node (that is , the source-node-

to-destination-node accountability is not required for control

packets or voice packets). Therefore , no handshaking procedures

between a source node and a destination node are required for
t ransmitting control packets or voice packets.

Ack packe ts are used only be tween adjacent nodes , and hence the
source-node-to-destination-node protocol does not apply .

Node-to-Node Packet Protocol

In the previous section , the packet transmission procedures

between a source node and a destination node were described .

The procedure to control the flow of packets from one node to
a neiqhborinq node is described as follows.

Whenever a Class Il/Ill data packet or a control packet is

accepted by the receiving node , an Ack packet will be returned to

~he sending node as acknowledgement. (However , there is no

acknowledgement for an Ack packet or a Voice packet.) The send-

ing node is allowed to send Data or Control packets without having

rer~ i ved acknowledgements for earlier ones. A one-packet-at-a-
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RECEIVE
TYPE 9

YES REQUEST NEXTDESTINATION MESSAGE FROMOF THE TYPE 9 THE HOSTPACKET?

NO

SELECT A ROUTE FOR
FORWARDING THE TYPE 9
CONTROL PACKET

PLACE THE TYPE 9
CONTROL PACKET ON
SELECTED ROUTE OUTPUT
QUEUE FOR TRANSMISSION

Figure 47. Nodal Processing after Receiving a Type 9 Control Packet
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time method will not be used because it is inefficient on long

lines.

The packet sequence numbt ~~~~~~ Data and Control packets over a

link are used to relate a,.kr ..ledgements to the orig inally trans-

mitted Data or Control packets . Having transmitted a Data or a

Control packet , ,.he sending node retains a “security ” copy.  If
an Ack packet is ~.Te-’eived with a link packet sequence number

ma tching that in the header of a Data or a Control packet se curity
copy, that copy may be deleted in the sending node and the space

it occupied may be re—used. But if a security copy remains un-

acknowledged for more than a predeterm ined length of time , it is
assumed that either it has not been accepted by the receiving

node or the acknowledgement has been lost. Under these circum-

stances the “timed-out” packet is again transmitted , but its

security copy is not destroyed. A re-transmitted packet carries

its original link packet sequence number so that the recipient ,

if the packe t had been accep ted earlier, recognizes that it is

not a new packet. After a number of re-tries , without success ,

a sending node takes other action , such as choosing an alternate

route for the packet.

This packet tLansmission procedure allows a receiver to ignore

data or control packets by simply making no acknowledgement

because the packets will eventually be sent again. In this way ,

the receiver can control the flow of packets on an incoming

link according tn its operational needs . If the receiver is in

its deaf state when a packet starts to arrive , the rece iver will
never be made ~~~~~~~ e of its appearance (and hence no acknowledgement

will be sent for it) . If the packet is received but an error is

detected by the hardware , or if the packet is successfully received

but cannot be accepted by the node control programs for internal

reas on s , then no acknowledgement will be generated either.



~

There is no error checking for Ack packets and voice packets .

There is no acknowledgement generated or sent after an Ack

packet or a voice packet is received by a node. The sending
node of the Ack packet or the voice packet does not retain a
security copy for the packet , and these packets are never re-
transmitted .

Packet Transmission Procedure Summa~y

SN-to-DN Node-to-Node

Packet Type Connection Setup Packet
and Message Acknowledgement

Acknowledgemen t
Data Packe t
(Class Il/Ill) yes yes

Control Packet no yes

Ack Packet no no

Voice Packet no no
(Class 13)

L/S AND P/S ROUTING CONSIDERATIONS

The complete problems of L/S and P/S routing are outside the

scope of the current study pro~iram . However , some analysis
of these problems is necessary for accurate definition of the

boundary between the rout~~~-i ~~oblems and the node and network

studies. This section r r sents he result of that analysis in

the areas of :
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• Routing Data Base

• Line Switched Routing

• Packet Routing

Our intent is to show both limits and assumptions which may have

influenced the analysis of node and network requirements.

Routing Data Base

To facilitate rcuting of packets and line switched calls , each
node must be supplied with a data base which describes :

• Node and network structure

• Dynamic node and network status

The information provided must be sufficient to support the routing

algor ithm s which the node will per form . The algorithm s will not

be presented here. Only the type of data and the method of its

collection will be considered .

Node and Network Structure—-At each node , a local data base
describes the node and its lines and trunks. This data base

includes:

• Number of lines and trunks

• Length (delay) and capacity of each line or trunk

• Queue and buffer capacities

• Deterministic factors

The determin istic factors play a ma jor role in the routing

process. They include variables , thresholds , and other para-

meters which are consulted during execution of the routing
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algorithms. They impose routing guidelines on the network ,
thereby preventing end1es~ circulation of packets and removing
the incoming link from consideration during route selection .

These deterministic factors may also be used to control the L/S

to P/S trunk occupancy ratio or to temporarily remove trunks or

nodes from service.

Dynamic Node and Network Status—-Some measure of network activity

and congestion is required if the routing algorithms are to be

successful . The local data base provides this measure by including :

• Queue and buffer occupancy

• Precedence of calls and packets

• Age of queued packe ts

• Predicted transmission times

The topic of predicted transmission time deserves further dis-

cussion. Of particular interest is the computation , communic a-

tion , and use of this parameter. Figure 48 shows a hypothetical

network structure which will aid in understanding these three

aspects of predicted transmission t ir r , ..2. The examples center on

node six , specifically showing routing from node six to r ine .

Figure 49 depic ts that portion of the local data base known as

the predicted transmission time tables. One table lists the

delays caused by transm ission queueing (described in the packet

routing discussion) . The remaining tables list predictions

of the transmission time to each destination node . For every

combination of destir~3tion and precedence , the tables list the
predicted transmission time via each outgoing trunk .
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Figure 49, Pred icted Tr ansmi ssion Time Tables

New predictions are periodically broadcast to adjacent Nodes (3 ,5,

7, 9,10 and 11 in the example) to ensure that the total distributed

data base accurately describes the current state of the network .

When transmission tire predictions are received , they are stored

in the appropriate tables for use during the routing process. A

table which might exist at Node 6 is shown in Figure 50. The

column at the right lists predictions which will be broadcast.

The deterministic factors can be ~~ed to guide the process of

making transmission time predictions. For example , they might

eliminate Trunks 1, 2 , and 3 from consideration during routine to

Node 9. Then predicted transmission times from Node 6 to Node 9

could be based on the predicted values received along Trunks 4, 5 ,

and 6.

While efficient processing of large cL~ta tables poses little problem
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for parallel and as sociative processing techniques , it might be

wise to reduce transmission requirements by interpolation of

intermediate values.

TABLE FOR NODE NINE:

TRUNK PRE.

1 2 3 4 5 6
I —

1 67 71 70 32 31 37 33
2 7 3 78 77 35 34 41 36

80 85 84 38 37 44 39

I
19

-

~~~~

---

~~~

-

~~

-

20 188 201 198 90 89 103 92
—~~~~~~~~~~~ — —— — —  — UNI TLESS

21 .~L .!~ L~~. .21.. .2.L .12! ....!L. H Y POTHE T I CAL
22 202 215 212 96 95 111 

~~ VALUES

Figure 50 . Predicted Transmission Time Table

Line Switched Rout ing

The objective of line—switched routing is the rapid establishment

of a bi-diretional , port-to-port connection which exhibits

a fixed , m inimal transmiss ion delay. The procedures for normal
call se tup and takedown have been presented previously. This
discussion centers on route selection . The topics addressed are :

• Route selection criteria

• Al ternate route selection

• Back routing
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Route Selection Criteria——Line-switched route selection is based

on the following criteria :

• Precedence of existing L/S and P/S

• Line or trunk occupancy vs. capacity

• Line or trunk length (delay)

• Deterministic factors

Predicted transmission time can be included in the list if speed

of call setup or takedown is a significant factor.

Alternate and Back Routing——Alternate routing is that network

process wherein a node interrogates alternative nodes during

line switched call setup . Back routing occurs when all alternate

routes have been attempted and control of the routing must be

returned to a previous node. These processes are best described

with an example given in Figure 51.

Figure 51. ~lternate and Back Routing
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Assume that a call is routed from Node A to Node B and that routes
to Nodes C and D are unavailable. Alternate routing will be at-

tempted by Node B. Routing control will be back routed to Node A

where alternate routing will occur . These processes are imple-

mented as follows :

• Node A transmits an “L/S Slot Reservation Corninand/

Request ” (Type 1 control packet) to Node B.

• Node B responds with an “L/S Slot Reservation Command ”

(Type la control packe t) ,  thereby completing the bi-
directional path between A and B. Control of the

routing process now resides at Node B.

• Node B attempts to route the call to Node C by sending

a Type 1 control packet.

• Node C is unable (or unwilling ) to accept the call.

It responds with an “L/S Slot Reservation Request
Denied” (Type 2 control packet) . Note that the route

to Node C might also have been disqualified by Node B.

In that case , the total ef fect  would be the same but
no control packets would have been sent.

• Node B selects an alternate route (to Node D) and

sends a Type 1 control packet.

• Node D respond s with a Type 2 control packet.

• Upon detecting that all alternate routes have been

considered and none are available , Node B relinquishes
routing control by se nding an “L/S Slot Unreserve
Command ” (Type 3 control packet to Node A). This causes

the removal of the path between Nodes A and B.

• Node A selects an al ternate route (to Node E) and

sends a Type 1 control packet.
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• Node E responds with a Type la control packet, thereby
completing the bi—directional path between A and E.

Control of the routing process continues from Node E.

Packet Routing

At a node , packet routing is a three—part process (Figure 52).

The process consists of :

• Selection for routing

• Route selection

• Selection for transmission

Selection for Routing—-The description of all correctly received

packets are searched to locate the packet in the receive queue

which has the smallest delay margin and the highest precedence .

Note that a low—precedence packet which is near its transmission

deadline may be selected ahead of a higher precedence packet

which has a large delay margin. This prevents low precedence

packets from becoming stranded in a queue . Packet age and

precedence are important selection parameters.

Route Selection--The chosen packet is routed by considering both

the predicted delay to the destination and the local deterministic

factors. Route selection criteria include :

• Queue lengths (delay) and capacities

• Precedence of existing L/S and P/S

• Line or trunk occupancy vs. capacity

• Line or trunk length (delay)

• Deterministic factors

• Predicted transmission time
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After the route is selected , the packet is placed in a transmit

queue dedicated to the outgoing trunk .

Selection for Transmission--The transmit queues are searched

concurrently and a packet from each is selected for transmission

on the corresponding outgoing trunk . Packet age and precedence

are , again , importan t selection parameters. Selecting packets

a second time permits precedence effects at each point of packe t
intersection .
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SECTION 4

APPLICATION OF ARCHITECTURE S

This section , based on the results covered in Section 3, presents

a nodal data path structure, a selected associative architecture

for L/S call functions , and a hardware structure for P/S call func-

tions. For comparison purposes , this section also presents an

alternate, and less attractive, associative architecture.

NODE DATA PATH STRUCTU RE

Based on the definition of the integrated network functional design,
it has been possible to describe a nodal data path structure consis-

tent with that design (Figure 53).

The principa l components include a fixed -delay switch , packet stor-

age , and node control. (Note that this figure does not necessarily

represent a par ticular implementation but rather only a possible
data path structure.)

The fixed—delay switch provides for internal routing of line-switched

(incompressible) data . The packet storage areas are used for re-

ception , switching , and transmission of packet switched da ta .
Separation by storage function permits the use of several memory

technologies , thereby distributing and balanc ing the requirements
for storage access.

The node control supervises the operations of the node. It formu-

lates and maintains the transmit and receive tables which are the
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basis for composition and decomposition of frames on the node to
node trunks. It controls the fixed—delay switch and the alloca-

tion of packet storage. The node control also monitors and con-

trols the line and trunk interface circuits.

Frames received on incoming node— to— node trunks are decomposed into

packet and l ine swi tched data . Decomposi t ion cont rol is provided

by receive tables maintained by node control. Line—switched data

is applied to the fixed-delay switch for time and space switch-

ing . Packet-switched data is stored until a complete packet has

been received . The packet is then further decomposed by extract-

ing its header for analysis. The remainder of the packet is

stored until it is to be re-transmitted . Packe ts selected for
re—transmission are moved to a storage area associated with the

selected outgoing trunk . Transmit tables maintained by node

control are used to compose line—switched data from the fixed—

delay switch and packet-switched data from storage into frames

which are transmitted on cutgoing node to node trunks .

Local. access is provided separately for  l ine switched and packet
switched data. Local line—switched data accesses are connected

to the fixed—delay switch. Line concentration and expansion

(not shown) can be used to optimize switch use. Local packet-

switched data accesses provide buff er storage which is connec ted
to the packet-switching facilities of the node.

ASSOCIATIVE CALL-BUFFER SWITCH FOR L/S CALLS (CLASS IA)

The Associative Call-Buffer switch was developed and designed to
implemen t the L/S call (Clas s IA) switch ing func t ion  at each node
in the network .  As impl ied by its name , the Associative Call—
Buffer switch employs associative techniques to perform the L/S
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call switching operations. It also has special switching implemen-

tation that uses one individua l buffer for each L/S cal1 pass ing
through the node. Figure 54 shows the block diagram for an

Associative Call-Buffer switch at a node (and two closely related

func t iona l  uni ts , the f rame decompose r and the f rame composer , for

each trunk).

Figure 54 shows the node hardware which implements frame decomposi-

tion, L/S data switching, and frame composition. On the receiver

side, the frame decomposer and data distr ibutor (FDDD) for each
trunk performs these operations :

• distributes the received Frame Header and Sync Field

(FHSF) into the FHSF input buffcr for further process-

i ng

• distributes the packet data (including all four packet

types , such as data , control , ack , and voice) into the
P/S input buffer for further processing

• associatively distributes L/S data (Class IA) into

ind ividual FIFO buffers where each FIFO buffer has been

assigned to one L/S call.

On the transmit side in Figure 54, the reverse operation occurs.

The L/S data fixed-delay switching is accomplished by: 1) temporarily

storing the L/ S data for each L/S call (from the incom ing trunk )
into the assigned FIFO buffer (which is sized for lOms ot data) ;

and 2) unloading the FIFO buffer onto the appropriate output

trunk at the appropriate time . There is an associative memory

receive (transmit) table in each frame decomposer and data distribu-

tor (data collector and frame composer) unit. The associative

memory transmit/receive tables are not only used for frame composi-

tion/decomposition, but also for containing the informatien rer* sslry
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to accomplish the line-swit Thing function . Additional associative

processing techniques are also employed to switch L/S data to and

from the corre.~t call buffer. More detailed descriptions of the

operations of the Associative Call—Buffer switch are presented in

the next two subsections , “Frame Decomposer and Data Distributor

Unit and Dat.i Co 11c~~~or ~nd Frame Composer Unit ” and “Associative

Gating Logic ” . The third subsection describes how the AM transmit

tables are also used fer L/S call slot reservation/de—allocation .

The fnur~.n suhse~~tion iresent~ the hardware nodal requlren’ents

for the ~ssu:ci~~t ive eall— buffer switch. rfhe last subsection,
“Associative Call-Buffer Switch Features ” , describes the
significant features of this switch.

Fram e Deccmpu.~er ~ir~d ~D~~ta Di.~tributor (FDDD) Unit and Data

Co l lec to r U n J  i r d r r e C I ~p~~ser__(D CF C ) Ur . it

When the input  data  b i t  s t ream fo r  a t r u n k  enters into a node , it

is first verified by the trun ’~ m t  -rface unit (not shown in Figure

54) for frame synchronization check before it is input to the Frame

Decomposer and Data Distributor (FDDD) unit of that trur.k. The

FDDD unit decomposes the input bit stream and dist r ib .~tes it into

the appropriate buffers.

The Data Collector and Franh~ Composer (DCFC) uni ’ ‘— -r ~r unk collects

data from various buffers in the node and for— -s a 1’ stream ~o be

output on the trunk . The DCFC unit ~ erf -- r r ” r ~Vr~ t 1rns which are

opposite those of the FDDD unit. 1{c w.-~;,- r , ~h~’ C(flt r~ is required

for these two units are similar. Hence , th€ twn uni s have ‘he

same block diagram , as shown in Fiquri’ 55.

Each FDDD or DCFC unit contains ~n associ tti v r ’ memory table , a

simple associative processor (AP), an AP cn~~t ro1 unit, ~nd control
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logic for generating various buffer load/unload enables. The

associative memory and the control logic are similar to that

proposed by Zafiropulo [61 but with some siqnificant modifications:

1) the FIFO buffer number which is uniquely associated with one
L/S call is not decoded into a great number of control signals
(one line per buffer); instead , it is propagated down to the

distributed associative qating logic by a small number of buffer

address lines; and 2) the slot size is in units of bytes instead

of bits and thus more time is available for processing the genera-

tion of enable control signals (i.e., 8-bit times vs. one-bit time

in Zafiropulo ’s approach) . A simple ~‘ssociative processor 
(See sub-

section “L/S Call Slot Reservation/De—Allocation Using Associative

Memory (AM) Transmit Table ”) is also added to perform L/S call slot

reservation/deallocation operations , directly on a transmit table

(vs. list processing by Zafiropulo ’ s approach) . Most of these

differences will be further discussed later.

At the receive side , the enable signals (L/S enable , P/S enable and

FHSF enable) in Figure 55 control the gating of the trunk input data

bit stream into appropriate buffers. One and only one of these

three enable signals is “on ” at any time. As shown in Figure 54,

there is one input buffer for all P/S data , one input buffer for

FHSF data , and many FIFO buffers for L/S data. The L/S enable

signal operates together with the FIFO buffer number to gate a

particu ’31 L/S slot data from the input frame to a particular FIFO

buffer corresponding to that call. This will be explained further

in the subsec tion “Associative Gating Logic ” .

As discussed in the L/S call setup/takedown procedures , ea ch row

in a receive (or transmit) table correspond s to a slot in the frame .

A re” with state 11 or 01 represents a L/S data slot , and only one

‘~f such rows may match in any one equality search operation , which
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generates the L/S enable signal (that , in turn , affects the P/S

enable siqnal as shown in Figure 55). Only the L/S data slot

rows can affect the enable signals.

Refer to the associative memory table in Figure 55. In addition

to the 2-bit state , each row has fou r entries: slot starting byte

number (11 bits); slot size in bytes (11 Pits); L/S call number

(14 bits); and L/S call FIFO buffer number (12 bits). The L/S

data slot rows in the table are created or removed during the

setup or takedown of a L/S call on t h : t  t r u n k . R e f e r  to Fi gure  5

for frame format. In the last portion of a frame , only packet

data can be transmitted . During the transmission ti.ne for this

por tion of f rame , the enable signals remain unchanged . This time

can be used to update the associative memory table to reflect a

new (old) L/S call being setup (takedown ) . In the transmit side ,

this time can also be used to process the L/S ca]i reservation/

de—allocat ion procedures (using the associative transmit table

and the simple associative processor). This is different from

Zafiropulo ’s approach , which uses list structures within a

conventional memory to process a L/S call slot reservation/

de-allocation on the frame . The L/S call slot reservation algorithm

using an associative memory will be described in subsection “L/S

Call Slot Reservation Using an Association Memory (AN ) Transmit Table” .

In a FDDD unit (Figure 55), there are two counters and three compara-

tors in the control logic . The position counter has the current

byte position number in a frame . For a 1O—rnsec frame of a TI line

trunk , the position counter counts from 0 through 1929 (there are

1930 bytes or 15, 440 bits in one lO—msec frame) . It is reset to

zero when it reaches the frame size (1930) by the output of

Comparator C2.  The size counter keep s the number of bytes , within

a L/S slot , whiLh have alre.id y ~~‘en processed (i.e., already gated
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into a FIFO buffer from a trunk input stream) . It is reset to

zero whenever the complete L/S slot data have been processed . Both

the position counter and size counter are stepped by the byte cIoc~
(not the bit clock). The functions of the three comparators , Cl ,

C2 , and C3 , are clear ly illustrated in Figure 55.

The control logic and associative memory table generat~ - ~h~- -;.~ricus

enable signals as described in the next few paragr3phs.

Both posi t ion counter  and size counter are initially ~: t  ~~ zero .

The 1-bit match/mismatch latch register is also zer (L/S disILL- d)

initially. The content of the position counter is q~i t v d  in~ ~he

st.irting byte field of the search and I/O register. The second

bit of the state field in that register is set to one . (The first

bit of the state field is “don ’t care” , since both 11 and ti s+ etes

represent L/S slot.) The associative memory table is searched on

the second bit of the state field and the complete starting byte

field to see if any row has content in those bit positions matching
those in the search and I/O register .

Because the first four bytes in i~vr’ry frame are FHSF , no L/S slot

can start at Byte 0. Hence, the first equality search with zero

on the starting byte field will result in no response , and the

match/mismatch latch register remains zero after the search.

Therefo re , the L/S enable signal is still zero (i.e., L/S disabled).

Similarly, the nex t three searches on the byte pos it ions one , two ,

and three will res ult in no match  and the  L/S enable signal remains
zero.

The value of the position counter is always compared to a constant
“3” by the comparator C3 . FHSF Enable will be 1 if and only if the

position counter has a value of 0 through 3. Therefore , during the
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time for the first four bytes of a frame, FHSF enable is one (on)
The other two enable signals are zero.

When the value in the position counter advances to “4” , then the
FHSF enable is no longer “1” . If the slot starting at the fourth

byte is not a L/S slot , then the equal i ty  search on the AN will
still result in no match and the L/S enable remains zero . With

both FHSF enable and L/S enable being zero , the P/S enable becomes

“1” as indicated by the logic diagram .

The equal i ty  search operation is executed once every byte time until
a match results. At that time , the AM row contain ing the starting
byte number of a L/S slot will respond to the search with a match.

Its corresponding bit in the search results register is set to “1”

and the match/mismatch latch reg ister becomes “1” , which is the value
of the L/S enable.

A fter a successful sear ch with a match , the size f i e ld  and the FI FO

buffer nunther field of the matching AM row are read out to the
search and I/O register. The FIFO buffer number together with L/S
enable is broadcast down to the associative ga ting logic to properly
gate the L/S data into a pre-assigned FIFO buffer .

Once the match/mismatch latch reg ister has va lue “1” , the by te clock

is able to advance the size coun ter . The value of the size coun ter
is constantly compared by comparator Cl with the value stored in Lhe

size field of the search and I/O register . When data of a complete

L/S slo t have been gated into the FIFO bu f fer ( the two inputs to
comparator Ci. dre then equal) , the  eg L i a l i t y  search operation on the

star ting byte and state fields will be re-activated by the output
of comparator C3. At that moment , the position counter contains the

next byte position number in the frame .

The above operations are repeated continuously. When the value of

the posi tion cou nter re ache s the f r ame s ize  ( 1930) , it is reset to
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zero by the outpu t of compara tor C2 ; and the processing for the data

of a new frame is started .

The op~ rations in the Data Collector and Frame Composer (DCFC ) unit

at the transmi t side are similar to those described above .

Associative Gating Logic

As mentioned in the previous section , at any given byte time , the
FDDD uni t at the receive side o each trunk has three different

enable control signals and a FIFO buffer number available to control

the gating of input bit stream into various buffers. The inter-

faces between these cont- ’-jl lines , the FIFO buffer number lines ,

the trunk input bit stream lines and the buffers are shown in

Figure 56. (The counterpart gating logic for the transmit side of

each trunk is shown in Figure 57 ). The gating logic enclosed by
the dotted lines in Figure 56 or 57 is called the assoc iative gating
logic.

In Figure 56, the FHSF enable signal of each trunk enables the gating

of the first four bytes (which is FHSF data) of each input frame from

the trunk into its FHSF buffer for further processing . Similarly ,

the P/S data enable signal of each trunk enables the gating of bytes

in the P/S slots of each input frame from the trunk into its P/S

buffer for further process ing.

The data in the L/S slots of a trunk pass through an AND gate con-

trolled by the L/S enable s ignal of that trunk. These L/S data

are then broadcast down to the associative gating logic to be gated

into appropriate FIFO buffers. The use of the FIFO buffer number

sent out by each FDDD unit to control the gating of L/S data into the

appropriate FIFO buffers is explained below . As shown in Figure 56,
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each FIFO buffer has a number which is fixed and unique to the node.

This FIFO buffer number (e.g., n~ in the figure) is constantly

compared with the FIFO buffer numbers sent out by all FDDD control

units. Whenever a match (equal) occurs , the L/S data of the trunk
whose FDDD unit has sent the matching FIFO buffer number are gated

into that FIFO buffer .

As mentioned earlier , each FIFO buffer corresponds to a unique L/S

call passing through the node. Each FIFO buffer can be assiqned to

a L/S call of any trunk of the node during the setup of an L/S call.

Once it is assigned , it is exclusively used by that call until the
termination of that call. When the call terminates, the buffer
becomes free again and it can be reassigned to a new L/S call from

any trunk . In Figure 56, the comparators in a row for a FIFO

buffer are comparing the various buffer numbers (sent down by the
F FDDD Units) to a fixed FIFO buffer number (e.g., 

~~~~ 
and at most

one of them can have a match at any time. The comparator that

‘atches will continue to be the same one until the FIFO buffer on

this row is reassigned to a new L/S call.

Also , among the compara tors in a column for a trunk , at most one
of them can have a match at any time. (Each FIFO buffer has a

unique buffer number and at most one of the FIFO buffer numbers

in the column can match the FIFO buffe r number sent down by the
FDDD unit of a trunk) .

As shown in Figure 56, one of the two inpu ts to each comparator is
the fixed number for the FIFO buffer in that row (e.g. n1). This

number can be preset to the predetermined FIFO buffer number of the

FIFO buffer in that row during the construction of the associative

gating logic .
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The output of a comparator in the as soc iative gating logic is “1”

(i.e. on) when its two inputs are equal. Refer to Figure 56 , the

output of each comparator is fanned out to two AND gates , one ANDed

with the L/S enable signal from the FDDD unit of the trunk , and the

other ANDed with L/S data that is broadcast down from the same FDDD

unit. The output of the second AND gate is the L/S data bit (one

or zero) from the input data stream to be stored into the FIFO

buffer . The output of the first AND gate is used as an enable to

“clock” the data bit into the FIFO buffer . The enable signals

across a complete row are wire-ORed together to form the resultant
“Clock In ” enable signal for the FIFO buffer in that row . The

data bits across one complete row are also wire-ORed together to

form the resultant input bit to be clocked into the FIFO buffer.

As mentioned earlier , in the whole row of compara tors , at most one

of them has “one” as its output.

A preliminary study indicates that the number of FIFO buffers at
a node will not exceed 1290 (see subsec tion “Associative Memory
(Tables) and FIFO Buffer Requirements ”) . Hence , the FIFO buffer
number will not exceed 12 bits (212 

= 4096) . Because the “compare ”

operation is executed once each byte time (which is 5.2 ~isec for

Tl line rate) , a sufficient amount of time is available for the

comparator to get its input ready. Therefore , the 12—bit FIFO

buffer number may be input in serial fashion to the comparator .

This will reduce the number of interconnection lines between the
FDDD units and the associative gating logic.

The associative gating logic in the transmit side (shown in Figure 57)

is simi lar to that in the receive side discussed above , but it per-

forms the reverse operations. That is, it associatively gates L/S

data out from the FIFO buffers to the output trunk data stream lines.
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L/S Call Slot Reservation/De—Allocation Using Associative Memory

(AM) Transmit Table

The L/S call slot reserva tion is the f irs t of the two steps for
setting up a L/S call. (The other step is L/S call slot allocation ,

as explained in subsection “Normal Line—Switched Call Setup ” . The

L/S call slot de—allocation is the second of the two steps for tak-

ing down a L/S call. (The first step is L/S call slot de-reserva--

tion, discussed in subsection “Normal Line—Switched Call Takedown ” .)

The L/S call slot reservation at a transmit side is to fir4d best-

fit ~vai1abie (P/S) slot(s) in the frame on the selected transmission

trunk f (r the L/S call data , and then update the transmit table

accor Iing ly. The L/S call slot de-allocation performs the reverse

operations (i.e. it returns L/S slots to P/S slots) . Generally,

new rows are created for new L/S slots in the AM transmit table

during the L/S slot reservation process; and the rows representing

the L/S call being taken down are removed from the AM transmit

able during the L/S call slot de-allocation process. The other

twc- steps in L/S call setup/takedown--L/S call slot allocation

and b/s call de—reservation--only modif y the state field of related

rows in the AM transmit and receive tables.

The AM transmit/receive tables discussed earlier only require the

information for L/S data slots (State 11 or 01). Such information

is sufficient for frame de—composition and data di stribut lel in th e

receive side and for data collection and frame composition ir. the

transmit side. But , as explained be l ow , the AM transmit fable with

some expansion can also be used to process the L/S call rcser~~at ic- ~ ,’

de—allocation operations.

As shown in the network frame format in Figure 5, all Class I calls I
(which includes all L/S calls and packetized voice calls) are limited
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to the portion of the frame before the dotted line (L/S Limit).

The portion of the frame beyond the dotted line is reserved for

packet data for high priority control packets. During the time of

transmitting the portion of frame data beyond the dotted line ,

the transmit table is not actually used. (The enable signals gen-

erated by the DCFC unit remain unchanged during that period) .

Dur.ng this period , the transmit table, wi th some expa nsion , can be

usec to process the L/S call reservation/de-allocation operations.
The i .~~qt h of t h i s  pe r iod is at least 186 psec which is equivalent
to 288—bit times on Ti line) , since it must provide trunk space for
at least one c r.tN)l pack~~t which can be 288—bits long. This

time (186 usec or longer) is sufficient for executing the L/S

call reservation/de-allocation operations. In the following two

subsections , the ~et .ii Is of the L/S call reservation and de-alloca-

tion algorithm s and their operatic’ns will be described.

L/S Call Slot Reservation Using An Associative Memory (AN) Transmi t

Table -- To set up a L/S call through a node , the node will first

select an output trunk (route) and then reserve slots for the call

on the frame of that t runk . The AM transmit table of each trunk

must now contain i l f r m t ion for both L/S slots and non-L/S slots

(which are also sim~ ly c~ 11ed P/S slots , i . e . ,  they ar e to be
filled—in with P/S data or idl e characters), so that best-fit non-

b/S slots can be identified and reserved for the new L/S call. A

typical AM transmit tihh is shown at the left half of Figure 58.

Note that the rows with state 00 or 10 correspond to P/S slots

and that they do not respond to the Equality Searches during the

data collection and frame composition . The rows with state 10

correspond to slots that are transmitioning to L/S slots. The

rows with state 00 correspond to free P/S slots that ca n be reserved
for new L/S calls. Note that the portion of frame beyond the dotted

l ine  in the f rame inpu t  is reserved for  P/S da ta only and , hence,

136

-~~~~~~~~



~ ~~~~~~~~~~~~~~~~~ - . ~~~~ ~~~~~~~~~-. - ~~ - — .

~~~

-

L I N K  L

ST~RT ING FIFO
STATE L T E  SIZE CALL NC . BUF

(2 BIT S) (11 BITS) (11 a IT S ) (14 BITS) ( 12 BI TE )

p/ S 00 35 1855 
__________ ________

L / S 11 4 6 87 251

p / S 00 20 2

L/S 11 22 3 9 190

P / S 10 
—— 

10 10 38 7

L /S 01 25 10 129 76

TRA NSM IT TABLE AT NODE A
FOR LINK L

STARTING FIFO
STATE EYT E SIZE CALL NO. BUF NO.

L/S 11 4 6 87 95

L / S 11 22 3 9 154

P /S 10 10 10 38 637

L/S  01 25 10 129 2

R E C E I V E  TABLE AT NODE 8
FOR L I N K  L

Figure 58. Transm i t/Receive Table

(Associative Memory)
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cannot be included in the transmit table as part of a free P/S slot.

The right half of Figure 58 is a typical AM receive ta~~S e. The
receive table contains only rews corresponding to b/S slots (which

has state 11 or 01) or P/S slots that are in the transition state

(01) to become L,/S slots. Tt does not have rows with state 00. Of

course , there must always be some spare rows in the ‘~t transmit/

receive tables so that additional rows can be created to describe the

new L/S call data slots when a new L/S call is to be set up. The

simple associative processor shown in Figure 55 (beside the tiansmi~ :

receive table) contains Effective Row (ER) tags (1 tag bit ~o r AM
word) which indicate which rows are spares and which rows describe

the effective slots in the frame .

To set up a L/S call at a node , a FIFO buffer (in the Associative

Call—Buffer Switch) must be reserved for that call. Ther’~ are three

types of FIFO buffers (Refer to Figure 54): local L/S channel to

network trunk , network trunk to network trunk , and network trunk t ’

local L/S channel. Each type may have buffers of variOa~ sizes t a

accommodate various L/S call data rates. When the FIFO buffers are

divided into several categories by their types and sizes , a FIFO

buffer availability table is required for each category to keep

the record of free FIFO buffers for each category. If a new b/S
call of tha t category is to be set up , then an appropriate free FIFO

buffer can be found and assigned to the L/S call.

The procedure to reserve free P/. slot(s) for a L/S call works as

described in the follow ing paragraphs:

If the wid th of the call (i.e. L/S call data size for one frame

time ) is less th an or equal to the largest free P/S slot size , then

find a best-fit free P/S slot and reserve the whole slot (if the fit

is exact) or a portion of it (if the fit is not exact) for the I4/S

call. For the former case, the state , the call number field , and
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the FIFO buffer number field of the row for the best-fit slot wiU

be updated to be 10 , L/S call number and assigned FIFO buffer number ,

respectively. For the latter case (i.e. not exact fit), the found
p/5 slot is divided into two slots: one is the new b/S slot , the

other is the remaining free P/S slot (smaller than before) . There -

t O i c , a new row representing the slot for the L/S call must be

created from spare rows in the AM transmit table. The row represent-

ing the old P/S slot must be updated in its slot starting position

and size to represent a new smaller free P/S slot.

On th~ other hand , if the width of the L/S call is greater than the

greatest free P/S slot , then the greatest free P/S slot is reserved

for the L,’S call (by updating the various fields of row representing

it) and the remainder width of the L/S call is computed . The reser-

vation process described above then repeats for the remainder width.

This pr- redure continues until no remaindex width exists. (It is

assumed that , before the output trunk is selected for this L/S c’all ,

the total available free P/S slot space har been checked to make

;ure that there is sufficient free trunk space for this no w L/S call).

The L: S call slot reservation procedure described above is outlined
I n  Fi  n-are 59.

All operations for L/S call slot reservation can be carried out by

the s~ rnple Associative Processor and the AP control unit provided for
each ~~ transmit table as shown in Figure 55. They are executed

iurinq the time of transmitting the portion of frame data beyond

the dotted line (b/S Limit) in the frame format (when the transmit

table is not used for data collection or frame compositien).
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L / S  CALL R E S E R V A T I O N  USING TRANSMIT TABLE (ASSOCIATIVE MEMORY)

(1) A D Y  P/S SLOT SIZE > (REM.) L/S CALL WIDTH? IF NO, GO TO (8 ) .

(2)  F 5 0  BEST-FIT P/S SLOT FOR (REM .) L/S CALL WIDTH.

(3) BEST-FIT P/S SIZE = (REM .) D/S CALL WIDTH? IF YES , GO TO 6)

(4)  MODIFY THE P/S SLO T ROW: SLOT STARTING POSITION , SIZE.

(5) ACT IV ~.T E A N F W  AM WORD TO REPRESENT A SLOT RESERVED FOR THE
L/S CA LL: STATE (JO) , SLOT STA RT ING POS ITION , S I Z E , L/S

CALL ‘, FIFe- BUF
GO TO (7 ) .

(6) ~1O D IFY THE P/ S SLOT ROW: STA T E (10) ,  L/S CALL ~. F IFC ELF ‘

(7)  END.

(8) FI ST MAX . SIZE P /S SLOT AND M O D I F Y  IT TO ~[ P P ES [ S T  A SLOT FOR
A PORT I O S OF ThE L/ S CALL:

YATE (10) , L/S CALL ‘, FIFO ELF

(9)  UPDA TE ~L’~) L,’S CALL WIDTH AND GO TO (1 ) .

Figure 59. b/S Call Reservation Using Transmit Table (Associative
Memory )

b/S Call Slot De-Allocation Using an AM Transmit Table -- The b/S

call slot de-allocation process is the reverse process of the b/S

call slot reservation . It returns L/S slots to P/S slots. The new

P/S slots are then combined with adjacent existing free P/S slots

(if any) to form new larger-size free P/S slots. If the combina-

tion of slots occurs , the total number of slots (including both L/S
and P/S) will be reduced . He nce , the total number of e f f e c t i v e  rows
describing the frame may descrease.

There is no “find the best-fit slots ” operation in the L/S slot de—

allocation process. Instead , the major opera tions in the  L/ S slot
de-allocation process are identif ying the L/S slot row(s) for the

terminating L/S call in the transmit table and then either just
changing their state to the P/s state (if the existing adjacent
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slots are not free P/S slots) or combining them with existing

adjacent free P/S slots. The combing process involves updating

the starting byte field and size field of existing free P/S slot

rows and remov ing those rows from the transmit table which no longer
describe slots of the frame . (A row in the transmit table is con-

sidered removed when its Effective Row bit in AP is set to 0, i.e.,
it becomes a spare row.) Similar to the L/S call slot reservation

operations, all of these operations can be carried out by the simple

associative processor and the AP control un i t  which are provided for
each AM transmit table as shown in Figure 55. They are also exe-

cuted dur ing the time of transmitting the portion of frame data

beyond the dotted line in the frame format.

Associative Memory (Tables) and FIFO Buffer Requirements

The major components for handling the Class IA (non—clear—voice)

calls using the associative call-buffer switch at a node are the

AM transmit tables (one per trunk), the associative gating logic

at the transmit side , the AM receive tables (one per trunk ) , the

associative qatinq logic at the receive side , and the FIFO b u f f e r s

(one per b/S call through the node). The size and quantity require-

ments of these components are analyzed below based on some assumptions

of the network size , ratio of Class IA (L/S) data vs. other types of

data , data rate distribution among Class IA data , and average number

of slots for a L/S call in a frame .

Assumptions:

1. 16 Ti trunks at a node
2. Maximum 85% Class I data on trunks
3. Among Class I data , 70% are Class IA (Non—clear—voice)

and 30% are Class TB (Clear—voice)
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4. Data rate distribution for Class IA data

25% wi th  ra t’~ 64 kbps “.~ 300 kbps

50% with rate 9.6 kbps “ 56 kbps
25 % with rate 2 .4  kbps “.~ 8 kbps

5. On the average , 1.5 slots in the frame for each L/S

~Class IA) call

6. Frame size is 10 msec equivalent (i.e. 15440 bits with

Ti rate)

Requirement Computations —- By (2) and (3) above , the Class IA data

is at most about 60% (85 percent x 70 percent) of the total traff ic.

In one frame (for  a t runk) , the Class IA da ta wi l l no t exceed 924 0

bits (15440 x 60 percent). Among the 9240 bits , 4620 bits (50 per catt)

belong to the group of medium data rates (9.6 kbps to 56 kbps),

2310 bits (25 percent) belong to the group of high data rates (64

kbps to 300 kbps), and another 2310 bits (25 percent) belong the

the group of low data rates (2.4 kbps to 8 kbps). Note that an

8 kbps L/S call contains 80 bits in a lO—msec frame , etc.

To compute the number of Class IA calls for each data rate group on

a Tl tr unk , the further assumption is that the average data rate
for each data rate group is 64 kbps for the high data rate group,

16 kbps for the medium data rate group , and 4.8 kbps for the low

data rate group. The numbers of Class IA calls per Ti trunk for

the three data rate groups are as follows :

No. of high data rate calls = 2310/640 = 3.61

No. of medium data rate calls = 4620/160 = 28.88

No. of low data rate calls = 2310/48 = 48.13

Total 80.62
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By assumption ( 5 ) ,  the number of L/S data slots in a frame will be
121 (80.62 x 1.5) that is, 121 rows are required in the AM table

to describe L/S slots. It is estimated that an AM table with 200

rows is sufficient to provide additional rows for P/S slots and

for spare rows.

The word size of the AM memory is 50 bits (see Figure 58). Hence,

each AM table is 200 words x 50 bits. Since there are 16 trunks

at a node and each trunk has one transmit table and one rece ive
table , 32 such AM tables are required at a node.

To compute the number and size of FIFO buffers required at a node ,

note that at maximum there are a total of 1290 Class IA calls

(80.62 calls per trunk x 16 trunks) passing through the node.

Because each Class IA call requires a FIFO buffer at the node , a

total of 1290 FIFO buffers are required at a node . Each FIFO

b u f f e r  needs only to store data of the call  of one frame (since the
data of a L/S call loaded into the FIFO buffer for that call
will be output on some output trunk within one frame time.) Hence ,

the s i ze requirements for the FIFO buffers depend on the data rate
of the call that uses it. In the analysis below , the FIFO b u f f e r s
are d ivided into three grou ps by size: 3000 bi ts  (capable of

ha nd ling a Class IA call of rate up to 300 kbps) ; 560 bits ( for
rate up to 56 kbps); and 80 bits (for rate up to 8 kbps). The

number of FIFO buffers for these three groups required at a node

are:
FIFO Buf fer Size Number of FIFO Buffers

3000 bits 58 (3.61 calls per trunk x 16 trunJ~s)

560 bits 462 (28.88 “ “ x 16 trunks)
80 bits 770 (48.13 “ x 16 trunks)

Total 1290
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The above computation of FIFO buffer requirements at a node

assumes that the FIFO buffers have only three sizes (for the

specified three data rate groups) . Because any FIFO buffer in a
group must accommodate the highest data rate call allowed in that

group , all FIFO buffers in the group must have the maxiumu length.
The waste of FIFO buffer storage is apparent. For instance , in
the high data rate group, using a 3000 bit FIFO buffer for a
64K bps call wastes 2360 bits (3000—640) of storage. The waste

of storage can be avoided to a certain degree by dividing the

FIFO buffers into more groups , each with a smaller range of
data rates. This will increase the processing complexity in

assigning a FIFO buffer for a Class IA call during the call setup

process. There is a tradeoff between the processing complexity

and buffer storage . An extreme solution is to divide the FIFO

buffers into groups where each group corresponds to one and only
one data rate. The waste of buffer space is then kept to a minimum .

The associative gating logic at the receive side (or at the traris-

mit side) is a two-dimensional array consisting of identical

elements , where each element corresponds to an intersection
between a trunk and a FIFO buffer . The circuitry in each element

consists of a 12-bit comparator and two AND gates. For the

ass umed node size of 16 Tl trunks and 129 0 FIFO buffers , each of
the two arrays contains 16 x 1290 or 20640 elements. (A number

of elements may be grouped together to form one module, as dis-

cussed later on the modularity feature of the Association Call—
Bu f f e r  Switch)

Below is a summary of node requirements :

(1) Associative Memory Tables :

Number : 32

Size: 200 words x 50 bits
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(2) FIFO Buffers (Assuming total FIFO buffers are divided

into three groups and that buffers in each group have

the same size)

FIFO BUFFER SIZE NUMBER OF FIFO BUFFERS

3000 bits 58
560 bits 462

80 bits 770

TOTAL 1290

(3) Two associative gating arrays: each array has 20640

elements; each element has a 12—bit comparator and

two AND gates.

Associative Call— Buffer Switch Features

The block diagram, associative gating logic , operations and,
requirements of the Associative Call-Buffer switch have been

described in previous sections. The Associative Call—Buffer

switch employs associative memories as receive tables and transmit

tables in which switching information for L/S calls are stored .

It also uses simple associative gating logic to accomplish
switching of L/S calls through a node. In addition to providing

the information for frame composition and L/S switching operation ,

the associative memory transmit tables are also used for setting

up and taking down L/S calls (i.e. L/S call slot reservation and

de-allocation processing).

Other features of the Associative Call—Buffer switch that are

worth noting are described below :
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Fixed Minimal Node Delay -- The L/S call data are loaded from
incoming trunks into the FIFO buffers in real time (i.e. as they

are entering the node). Meanwhile , the outgoing trunks are

collecting the L/S call data from the FIFO buffers to form output

frames and output them on the trunks in real time. After a L/S

call is set ~p,  the slots for the call on th~ incoming frame and
the slots for the same call on the outgoing frame have a fixed time

relationship. The time difference between incoming slots and

outgoing slots is always less than or equal to one—frame time

(e.g. 10 msec). This is so because a FIFO buffer is filled in

at one end of the buffer with incoming data for that call and
the data are taken out at the other end of the same buffer to
the output trunk within one frame time. Because any switch that

performs time switching must have at least this amount of delay

through a node , the delay caused by the Associative Cali—Duffer
switch (which performs the complete L/S switching function) is

therefore minimal. Hence , the associative call—buffer switch

provides fixed, minimal node delay for the L/S calls. This feature

results in minimal cross—network delays for the L/S calls.

Modularity and Expandability -- The modular feature of the associa-
tive call-buffer switch is illustrated in Figure 60, which shows

the components at the receive side and the FIFO buffers. Each
Frame Decomposer and Data Distributor (FDDD) unit for each trunk

is a module . A group of associative gating logic elements may

form a module. Whether the FIFO buffers can be grouped into

modules depend s on the sizes of the individual FIFO buffers. It

is suspected that some of them can also be grouped into modules.

The requirement analysis in “Associative Memory (Tables) and FIFO
Requirements ” on page 142 shows that a Ti trunk passing through a

node contains about 80 L/S calls (Class IA) . Hence , if a new
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trunk is to be added to a node , the modular expansion of
the associative gating logic will expand much faster in the

vertical direction than in the horizontal direction . This

suggests that a module in the associative gating logic should

correspond to one trunk and many FIFO buffers. Another factor

from the associative gating logic element circuitry property

also points toward this type of modularity ; that is, each
element has only two line connections in the horizontal

direction (to a FIFO buffer) but has four or more line

connections (to a FDDD unit) in the vertical directions.

(The four or more vertical lines are one data line, one
b/S enable line , one control line , and one or more of FIFO
buffer number lines.) For a given number of pin connections,
a module with elements corresponding to one trunk and many

FIFO buffers will contain the greatest number of elements. As

an examp le , a module can contain 1 x 20 or 20 elements and

has a total of 44 pins (assuming four line connections in the

vertical direction).

Figure 60 shows the case of a node expanding from four trunks

to five trunks. A new FDDD unit is added . A number of FIFO

buffers (e.g. 80 buffers in our example) of various sizes are

added . The associative gating logic is expanded in two directions.

It expands one column of elements in the horizontal direction
and 80 rows of elements in the vertical direction. Using 20—
element modules , a total of 5 x 80/20 + 4 x 80/20 or 36
modules are required to be added to the associative gating logic

to expand a four trunk node to a five trunk node.

LSI Technology F e a s i b i l i t y  -- The associative gating log ic is
suitable for LSI circuitry technology because : the logic is

uniform and simp le , the speed requirement is not critical , there
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is no substantial power consumption , and all modules in the

associative gating logic are identical.

NODAL PACKET SWITCHI NG FACILITIES

A mechanism has been defined which performs frame decomposition ,

fixed-delay switching, and frame composition. In that definition
packet-switched data was extracted for switching via a separate

mechanism . The functional characteristics of that mechanism

have been discussed in the previous “Associative Call—Buffer

Switch for L/S Calls” on page 121. The current section

presen ts and analyzes a hardware architecture which has been
specifically tailored to the packet switching function.

Hardware Structure and Operation

Figure 61 represents the hardware facilities within a node

for packet switching . Packet data streams are applied to

the inputs and “Switched ” packet data streams are taken from
the outputs. Independent packet storage buffers (labeled S)

are provided at each input and output . The storage bu f f e r s
receive (or provide) data in accordance with the real—time

requirements of frame decomposition and composition .

Incoming data packets are stripped of their header fields by the

packet decomposition hardware , P. The packet headers are

collected in a common storage area , PH , for analysis by the
node control , NC , while the packet content is placed in a larger

packet storage area , PS , to await re-transmission.
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Figure 61. Packet Switching Facilities

As each packet header is processed by the node control it is placed
in one of the outgoing header queues , H. Each header queue cor-

responds to a specific output trunk . The packet-access hardware , A ,

selects a packet header from its ou tgoing header queue , combines it
with the da ta portion from the packet storage area , and places the
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complete packet in the outgoing storage buffer . The complete packet

is thus available for frame composition on the selected outeuing trunk .

it is not necessary to actually perform the packet decomposition!

composit ion in the manner described above . Complete packe ts may
be retained in the packet-storage area while a translated form of

the packet header information is processed by the node control.

The packet-access hardware then would not have to perform a composi-

tion function. The advantages and disadvantages of this approach

are not readily determined and are best evaluated with respect to

an actual hardware imp lementation.

Memory Requirements

It is possible to perform an initial analysis of the memory require-

ments imposed by the packet-switching hardware structure which has
been presented .

If Tl trunks and a lOms frame are assumed , each input storage
buffer will receive a new bit each 647 ns. If higher bandwidth

trunks are used , the rate wi l l  be cor respond ing ly higher . The

presence of b/S data will result in gaps in the packet-input data

stream . However , th i s  e f f ect will  not be considered in order to
achieve a worst-case memory requirement.

Speed is not a problem for the input buffers. However , buffer

availability could impose a more serious constraint. The buffer

must be available for writing every bit time and it must be period-

ically unloaded into the packet storage area . Two solutions can

be immedia tely proposed :
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1) Time multiplex buffer usage - one half bit time for

loading , one half for  unload ing

2) Split the buffer (or double buffer) to perform reading

and writing simultaneously

Both solutions are , of course , feasible and involve certain trade-

offs. The choice must be made by considering the requirements of

the other circuits.

Note that the size of the input buffers (S) is as yet unconstrained .

It mi ght range trom one bit to one packet in size. As originally

conceived each buffer held an entire packet until it had been

completely received .

Removal of packet headers can be achieved by a simple demultiplexing

(steering) circuit. Headers may be included in the packet storage

(PS) if desired .

Because they are relatively infrequent (as little as 3% of a data

packet bit stream) , header contention for the packet header storage

(PH) should not be a prob lem . Transfer of headers from the input

buffers to the packet header storage can be scheduled to avoid

conflicts.

The primary problem occurs with the placement of incoming packets

into the common packet storage area (PS). With ten bi—directional
trunks accessing a single memory, the memory bandwidth must be over

15 megabits per second (10 x 1.544 mbps) under worst case conditions.

If bit serial reading and writing were used , a 33ns cycle time
would be requ ired 

~~~~~~~ 
1/(2 x 15 mbps)). Figure 62 presents the

nece3sary cycle times for PS memories with various word sizes.
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Another way of viewing tire packet storage memory cycle time require-
ments is to consider the number of bi—directjonal trunks that could
be supported by a readily available 500ns memory . That information
is presented in Figure 63. Naturally, there are other techniques
which might be employed to provide additional memory bandwidth ,
but structuring the data as words (i.e. serial to parallel conversion)
is the easiest and most straightforward . This operation could easily

be accomplished in the input buffers.

WORD SI ZE PS CYCLE TIME

1 Bit 33 ns
8 Bi ts 264 ns

10 Bits 52 8 ns
32 Bits 1056 ns

Figure 62. Required PS Cycle Time for a Node With Ten
Bi-Directional Trunks

WORD SIZE 4~ OF BI-DIRECTIONAL TRUNKS

1 Bit 0.6

8 Bits 5.2

16 Bits 10.4

32 Bits 20.7

Figure 63. Trunk Capacity for a Node Utilizing a PS
Memory Wi th a 500 ns Cycle Time

The bandwidth of the packet-storage area must be matched to the
total  packet bandwidth requirements of the node (including packet-
ized voi ce ) .  The input  and output  b u f f e r s  (S ) may tend to allev iate
the contention problem as a whole at the packet storage area . The
e f f e ct w i l l  be in di rect re la t ion to the ratio of L/S to P/S
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within the frame and to the size of the input buffers . However ,

large input and ou tput b u f f e r s  are no t requi red fo r nodes servi ng
a moderate number of trunks (e.g. less than twenty)

PACKETIZED VOICE DATA FLOW AND STORAGE

As voice packets are passed through the network , each node routes

them through its packet processing facilities. The voice packets

may be buffered in the same storage area as other packet types,

but theiL precedence level should be second only to network control

packets. This will minimize delay and Lherefore skew throug h the

network. Even so, the destination node will require a buffer capable

of  removing network generated skew . Obviously, the voice samples

must be de-c’ mpressed (expanded ) by some facility at the destination

node before they are presented to the user port.

THE ASSOCIATIVE MULTI-ACCESS SWITCH

In conjunction with study task 2 (functional design of integrated

switci ), several new technolog ies for the cross-switch path

connection were investigated . Among these was a specific switch

previously invented at Honeywell and known as the Associative

Multi-Access Switch~ or simply AMA S , Figure 64. The objectives

of the investigation of this switch were:

• Evaluation of the potential for app l ying techniques

developed as computer technology, spec i f i ca l ly
associative techniques

• Determination of algorithms for cross-switch path

selection and the resulting impact on controller

data processing requirements

*Multiprocessor Computing Apparatus , U.S.Patent No. 3,521 ,238 ,

July 21 , 1970 , D. C. Gunderson .
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AMA S is basically a memory array of n words , m bits per word . This

is mechanized as n shift registers , m bits each. Processing elements

ot I/O devices are connected to the shift registers through access

circuitry. This access circuitry allows each processing element or

I/O device to do the following :

• Perform associative searches (bit seriall y)  on al l  words
(shift registers) simultaneously

• Read out any selected words (bit serially)

• Write into any empty location (bit serially)

In a system configuration as shown in Figure 64 , the associative

switch provides the path and a temporary storage for messages to be

transferred from one processing element to another . The number

of processing elements or other devices that can be attached to the

switch is equal to the number of bits per word (bits per shift

register)

This approach to an interconnection switch was considered to have

the following significant advantages:

• The number of paths between any two connected elements

is equal to the number of words (shift registers) in

the array.

• Loss of a shift register is not catastrophic , bu t s imply
reduces the numbe r of paths.

• Loss of a set of access circuitry will result in the

loss of only one processing element or I/O device.

• The switch has a cellular structure that makes it
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- Expan dable
— Suitable for LSI implementation (pin limitations

may be a problem )

• The switch is rearrangeable every basic cycle time and ,

hence , is nonblock ing.

Significant areas covered during the investigation of AMAS include:

• Associative addressing techniques

• Self routing data packages

• LSI implementation

• Call setup and takedown

• Call blocking potential

AMA S was determined to be potent ial ly useful  in solving several
aspects of the cross-switch path problem . A number of problem
areas requir i ng extensive development were ident if ied and studied .
Some of the unresolved problems include :

• Speed requirement (faster than trunks)

• Multiple match resolution (empty locations)

• Output contention (active locations)

• Cross switch delay

• Access circuit  scope

• Buffer requirements

• Control method
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As a resul t of the AMAS studies many of the AMA S concepts wer e used
as benchmark comparisons during the development of the Associative
Call-Buffer switch which has been described .
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SECTION 5

SUMMARY OF RESU LTS AND
RECOMMENDATIONS FOR FUTURE WORK

The most sign i f i c a n t  resul ts of th i s study contract include the

def init ions of :

• A flexible network structure containing homogeneous

nodes which can serve as user access points and/or
network switching centers

• A network that supports a wide spectrum of user

characteristics ranging from the “on—demand , fixed
delay” requi rements for voice transmission to the
“as-available , variable delay ” requirements for bulk

data transm ission

• A line integration technique that allows efficient

util ization of transmission bandwidth regardless of
network traf f i c  mix

Another key result was the identification and implementation of:

• Nodal f u n c t i o n s  that  are amenable to associat ive pro-
cessing techniques

The proposed network s t ructure  is not constrained by the hardware
in tha t  the system is capable of accommodating li nks of varying
types and speeds ranging from commercial voice grade lines to
satellite links. Additionally, the node structure is functionally
modular. Only modules that are required for implementation of
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the desired nodal function need be included . A user interface is

present at a particular node only if needed . There is no hardware

penalty for not using a particular feature or type of user interface.

The network is completely transparent to the user. Flexible user—to-

network protocols can be provided . Special care has been taken to

ensure that bit count integrity of synchronous data is preserved .

Precedence level features are included which may be made either

visible or invisible to the user. The proposed integration scheme

provides new benefits such as the interconnection of incompatible

services and the accommodation of different speed data paths .

The approach chosen for voice/data integration on the transmission

medium uses variable—size , fixed—position time slots within a

constant interval framework. An absolute time reference allows

bit count integrity to be maintained and synchronous data to be

transmitted without the time slippage problems which can occur

with packet-only integration techniques. Variable—size slots

permit efficient bandwidth utilization by allowing the slot

size to be closely matched to the user requirement. The “clean
fill ” of packet data between line switched data slots and across
frames results in further bandwidth utilization . Compressible

voice is handled with an attendant savings in bandwidth (packet—

ized voice)

A switch implementation for line switched data has been designed

which uses associative processing techniques. The switch is

simple , mudular , and expandable. It can handle variable—speed

trunks and exhibits a f ixed , minimal delay. Its decentralized

control is both simple and reliable. Further study is required
to provide hardware resource sharing and combined line switched

data and packet switched data processing within the node .
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There are several areas that require further work . Common hard-

ware modules and nodal processing techniques should be developed
which wi l l  result  in total integration within the node. The
appl icabi l i ty  of associative and parallel processing techniques
to the local access funct ions  should be investigated f u r t h e r .
For practical considerations , a plan is required which describes
an evolutionary transition from planned systems such as the

TTC-39 switch to totally integrated, digital  switching and on to
fu tu re  systems including satelli te switching centers. The
rel iabi l i ty  aspect of a proposed implementation must also be
studied further .
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APPENDIX

CONTROL PACKET DESCRIPTIONS

(1) Type 1 Control Packet : b/S Slot Reservat ion Command/Reques t

Content:

Field Size

• Header 64 bits

• Control Packet Type 4

• Called Party Number (12 digits) 48

• Station Characteristics 48

• Class I Precedence Level 3

• Class IA Call Number 14

• Slot Specifications 100
281 bits

36 bytes

Description:
The “L/S slot reservation command/request” control packet

is used f or l ine switched (Class IA) call  setup . It
communicates des tination and slot reservation informa tion
from the line master node to the line slave node.

The 64-bit Header is previously defined in Figure 12. The

header contains a 4-bit packet type field which indicates

tha t  this is a con trol packet. The 4-bit control packet

type f i e l d  shown above ind icates tha t this is a Type 1
control packet. The 48-bit called party number is used

by the network nodes to determine the appropriate call

path to the called party. The station charac teristics
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include data type , secur i ty mode , voice quality, etc
The class I precedence level ranges from 1 through 5.

The Class IA call number consists of an 8—bit calling

port number assigned by the node and a 6-bit calling

node address. The Class IA call number is uniquely

iden tif ied  with the call  being set up in the network.

The 100—bit slot specifications field has five 20—bit

subfields. Each 20—bit subfield consists of an 11—bit

number for “slot starting byte address ” and a 9—oit

number for “slot size in bytes” . It is assumed that

any Class IA call cannot occupy more than five slots.

(If the traffic on a trunk is such that a Class IA call

has to be divided into more than f ive slots , then that

call will not be set up.) The 11-bit number for slot

starting byte address is capable of addressing 2048

bytes. The 9-bit number for slot size can specify up

to 512 bytes. For lO—msec frames (15,44 0 bits ea ch) on

Ti lines and assuming that the highest speed Class IA

call is 300 kbps (or 3000 bits per 10—ms frame) , the
li-bit number for slot starting byte address and the

9—bit number for slot size in bytes are sufficient.

The total length of a Type 1 control packet is 281 bits.

In order to put every packet into a multiple of bytes , a

Type 1 control packet occupies 36 bytes.

(2) Type la Control Packet: 1,/S SLot Reservation Command

Content:

Field Size

• Header 64 bits

• Control Packet Type 4
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• Class IA Call Number 14

• Slot Specification s 100

Total 182 bits

( 2 3  bytes)

Description:

The “L/S slot reservat ion command” control packet is the
normal , reverse direction response to a type 1 control
packet . It commun ica tes slot reservat ion in fo rmat ion
toward the calling node.

Note that the Class IA call number is uniquely associa ted
with the call being set up; the node that receives a

Type la control packet can properly process it for the
call being set up.

(3) Type 2 Contro l Packet: L/S SLot Reservation Request Denied

Content:

Field Size

• Header 64 bits

• Control Packet Type 4

• Class IA Call Number 14

Total 82 bits

(11 bytes)

Description:

The “L/S slot reservation request denied” control packet
is sent toward the calling node when t ime slots are not
available in that direction.
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(4) Type 3 Control Packet: b/S Unreserve Command

Co n t e n t :
Field Size

• Header 64 bits

• Control Packet  Type 4

• Class IA Call Number 14

Total 82 b i t s

(11 bytes)

Descri ption:

The “b/S slot unreserve command” control packet *.-idicates

tha t  no fo rward  routes are avai lable for  the ca~~i be ing

set up and that alternate route selection is required at

a previous  node.

( 5 )  Type 4 Control  Packe t :  b/S Slot De—Reserva t ion  Command

Content :
F ield  Size

• h eader 64 b i t s

• Contro l  Packet  Type 4

• Cla ss IA Cal l  Number  14

Total 82 b i t s

(11 bytes)

Descr i p t i on :

The “ L~’S s lot  d e- r e s e r v a t i o n  command” control  packet is

used for l ine  switched ca l l  takedown . It is also used

for  l ine  r .~em~:t 1.00 .
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(6) Type 5 Control Packet: P/S Transmission Connection Request

Content:

Field Size

• Header 64 b i t s

• Control  Packet Type 4

• Called Party Number (12 d ig i t s)

48

• Stat ion Charac te r i s t i cs  48

Total 164 b i ts
(21 by tes )

Description:

The “P/S transmission connection request” control packe t
is sent by a source (calling) node to a destination

(ca l led)  node to check the “o n/ o f f ”  status of the cal led
por t .

The called par ty  number is used by the destination (called)

node to ident i f y the called party. The station character-

istics include data type , security mode , message security

class , etc. The abbreviated source port number in the

header contains the  “calling port number ” assigned by the

ca l l ing  node.

( 7 )  Type 6 Contro l Packet:  P/S Transmiss ion Connect ion Answe r

Content :
Fie ld  Size

• Header 64 b i t s

• Control  Packet Type 4

• Called Par ty  S ta tus  ( o n/ o f f)  1

Total 69 bi ts
(9 bytes)
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Description:

The “P/S transmission connection answer” control packet

is sent by a destination (called) node of an attempted

P/S one—di rec t ion  logical connection to the source (c a l l i n g)
node (as  a response to a Type 5 Control Packet) to indi-
cate the on/off status of the called port.

The abbreviated source port number in the header contains

the “ c a l l i n g  port number ” ass igned by the ca l l ing  node.
That is, it contains the same number as in the correspond-

ing field of the Type 5 control packet to which this Type

6 control packet is responding.

(d) Type 7 Control Packet: Multi-Packet Message Transmission Request

Conten t :

Field Size

• Header 64 bits

• Control Packet Type 4

Total 68 b i t s
(9 bytes)

D e scr i p t ion :

The “multi—packet mes~ age transmission request” control

packet is sent by a source (calling) node to a destina-

tion (called) node to request allocation of buffer space

of one multi—packet message at the destination (called)

node .

A s i m i l a r  ro~lu st is not needed for  t r ansmiss ion  of a
sincle—packet message .
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(9) Type 8 Control Packet: Ready to Receive Multi—Packet Message

Content:

Field Size

• Header 64 bits

• Control Packet Type 4

Total 68 b i t s
(9 bytes)

Description:

The “ read y to receive m u l t i — p a c k e t  message ” control
packet is sent by a dest ina tion (ca l led)  node to a
source (calling ) node in response to a Type 7 control
packet , or af ter the destination node receives ,

reassembles and outputs a complete multi—packet

message. This control packet allows the source

(ca l l i ng ) node to s tar t  sending a m u l t i — p a c k e t
message.  When sent in respon se to the receipt of
a complete multi-packet message , -the message number
f i e ld  in the header contains the messa ge number for
the multi—packet message just received .

10) Type 9 Control  Packe t :  C o n f i r m  Acceptance of a S i n g l e — P a c k e t
Messa ge

Content:

Field Size

• Header 64 b i t s

• Control  Packet  Type 4

Total 68 b i t s
(9 by tes )
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Des c r ipt ion :

The “ con f i rm acceptance of a s ingle-packet  message ”

control  packet  is sent by a des t ina t ion  (c a l l e d )  node

to a source (calling ) node to inform the source node

t h a t  a s i n g l e — p a c k e t  message , whose message n umber is
in tue  message number f i e ld  of the header , has been

accepted by the d e s t i n a t i o n  (ca l led)  node .

(11) T’~:oe 10 Control  Packet : Packe t ized  Voice (P / V )  Call Setup
Request  Comnou-id

Con ten t :
F ie ld  Size

• Header 64 bits

• Control Packet Type 4

• Called Party Number (12 digits)

48

• Station Characteristics 48

• Class I Precedence Level 3

• Class 13 Call  Number  14

Total 181 b i t s
(2 3  by tes)

Descri pt ion:

‘m e “P/V call setup request/command” control packet is

used for setting up a call path segment between two

a d j a c e n t  nodes fo r  a P / V  cal l  (Class  IS) .

The fields in the Type 10 control packet which are the

same as in the Type 1 control packet (L/S slot reserva-

tion command/reques t )  have th same d e f i n i t i o n s .  The
Class lB call number , similar to Class IA cal l  number  in
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Type 1 control packet, consists of an 8—bit calling port
number ass igned by the calling node and a 6-bit calling
node address. Because b/S calls and P/V calls are handled

as two completely separate categories in the network , the

calling port numbers for a b/S call and a P/V call are

assigned independen t ly  ( i . e . ,  a node may establish up to
256 local b/S cal ls  and up to 256 local P/V cal ls  at any
g iven t i m e . )

( 12)  Type 11 Control Packet: P/V Call Setup Request Denied

Content:

Field Size

• Header 64 b i t s

• Control  Packet Type 4

• Class IS Cal l  Number 14

Total 82 b i t s
(11 by te s)

Descruption:

The “P/V call setup request denied” control packet is

generated and sent to the immediately preceeding node

(on a partially set up path of a P/V call) to convey

t ha t  the a t tempted  P/V call  ( i d e n t i f i e d  by the Class  lB
call number) is blocked at the current node .

(13) Type 12 Control Packet: P/V Call Takedown Command

Content:

Field Size

• Header 64 bits

• Control Packet Type 4

• Class lB Call Number 14

Total 82 b i t s
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Descr iption: 
-

The “ P/V call  takedown command” control packet is used
for  tak ing down a call pa th segmen t between two ad jacent
nodes during the P,’V call takedown process.


