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CHAPTER 9.

INTEGRATION OF VOICE ON A SYNCHRONOUS HYPERGRAPH

9.1, Introduction

The integration of real-time communication with digital data communication is of
growing interest (see [FiTo86], [Grub8l], and [Mont83]), for several reasons: Networks’
bandwidths are growing rapidly, so the excess capacity can be used for telephony or
video, which saves the construction of separate networks. Digitized voice telephony has
better quality than the analog one. At preseni, and even more g0 in the future, there
will be a demand for an off-line digital recording over a network of voice and video for
future use, so real-time data transfers over a large network are an actual necessity. In
this chapter it will be shown that the integration of veoice on an optical -hypergraph

architecture s more efficient and more effective as the net bandwidth increases.

In general, real-time comimunication constraints {the necessity to complete the
communication in a bounded time) introduce additional complexity to communication
management. However, real~time communication on a synchronous bypergraph network
sutroduces lttle additional complexity and is an immediate result of global event syn-

chronization.

The voiee transmission is packetized and sent over the net by constructing virtual
multiplexers/demultiplexers. It is done without changing any of the previous design ele-
ments. Kach telephone conversation has a very low bandwidth. Therefore, it is Impor-

tant to be able to manage and transfer efficiently small blocks of data.
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The following discussion presents the basic protocols for integrating voice into the
network. The scope of the discussion is limited to the principles of operation and to the

analysis of the integration. This discussion is limited to two-party conversations.

9.2. Telephony Communication Characteristics

A typieal sampling rate for voice communication is every 125 pseconds or 8,000
samples per second. Analog samples are converted into 8-bit bytes, which are grouped
into voice-parcels. The size of a typical voice-parcel is between 160 and 400 bytes of
speech, corresponding to 20-50 milliseconds of speech. The duration of a typical tele-

phone conversation is about 200 seconds {3 minutes).

The following parameters will be used:
oT, - the duration of speech which is sampled into one parcel,
® BW,,, — the bandwidth of a single net,
o Tpye ~ the duration of one data minislot,

@ Tpyp — the transmitting duration of one veice-parcel.

9.3. Principles of Voice Integration

The integration of voice into the system is achieved by adding the following

features to the optical architecture:

(1)  Cycle — the time is divided into eycles of ¢ slots each. The duration of each cyele

is exactly T, the time which one voice-parcel is generated. The number of time
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slots in every cycle is ¢ = -
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Reservation Register — each node has a slot reservation register of ¢ cells, with 2
bits per cell, defined as follows:

00 ~ the slot is free

01 — the slot is reserved by another node

10 — the slot is mine

11 - the slot is reserved for data communication

Free slots can be reserved for voice communication or can be used for data com-
municat}i;&n, Slots reserved for data communication cannot be reserved for voice.
Note that the access contrel mechanism continues to operate as previocusly
described, but it uses only the free slots and slots which have been reserved for

data communication.

Virtual Multiplexing — each data minislot {DMS) is subdivided such that each
subsection will contain one voice-parcel. The number of voice-parcels in every

TDMS

DMS is p ==
TPMI

These p parcels are sené from one origin bul can have

different destinations on that same net.

Virtual Demultiplexing — each port of the net, which receives the broadeast
packet with the p voice—parcels, extracts those which are sent to it and discards
the rest. It is done on-line by checking an 8-bit logical address header of each

parcel.

Flow Condition - in order to gusrantee the real-time flow of a telephone conver-
sation between two parties, every voice-parcel ig transferred across one net in one

cyele. Thus, voice-parcels cannot be accumulated and are guaranteed to reach
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their destinations in a fixed number of cycles.

2.4, The Voice Protocol

The voice protocol has three phases: (i} dial-up for constructing a bidirectional vir-
tual path between the two parties; (ii}) conversation, in which voice-parcels are
transferred every cycle between the two parties; and (iii) termination of the conversation.

The protocol is for 2D-R, but can be essily extended to other synchronous hypergraphs.

The telephones are interfacing the host bus, which resides outside of the network
interface. The telephone interface may accommodate several telephones. The voice pro-
tocol i performed by the network interface, which receives and transfers speech voice-

pareels from/to the telephone interface.

The protocol uses only primary routes, whiech utilize the least communication capa-
city of the net. On a 2D-R a phone conversation involves three nodes, as shown in Fig-
ure 9.1. The phone conversation is initiated via the SRC-node, the voice-parcels are
sent on the SRC-net to the INT-node, and from there via the DST-net to the DST-

node. The destination party is connected to the DST-node.

9.4.1. The dial-up phase

The first step, when a phone on a SRC-node calls 3 phone on a DST««nodé, is to
determine the primary route, i.e., to select the INT-node. The objective of following
steps is to reserve a virtual path from the SRC-node to the DST-node and back. The
transfer over each part of this path {net) is multiplexed by several conversations.

Reservation means that the port interface to the net allocates a free space for one
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Figure 9.1: Integrating Voice on a 2D Regular Hypergraph

speech parcel in a DMS, which this port has reserved for its voice communication. If
the port does mot have a free space in a reserved DMS, it tries to reserve a free slot,
and then it will allocate a free space for the parcel. If no free space is available, the
dial-up proecedure fails, and a "Line Busy" message is sent to the phone at the SRC-
node.

Step 1 - the SRC-node tries to allocate a free space for a voice-parcel on the SRC-net.
If the space allocation is successful, a dial-up message is sent to the INT-node, other-
wise a "Line Busy” message is sent to the requester.

Step 2 - the INT-node tries to allocate a free épace for two voice-parcels on the SRC-
net and on the D8 T-net. I the space allocation is successful, a dial-up message 1*5 sent
to the DST-node, otherwise a "Line Busy” message is sent to the requester via the
SRC-node, and the SRC-node deallocates the {ree space already assigned.

Step 3 — the DST-node tries to allocate a free space for a parcel on the D8T-net. If

the allocation is successful, a "Line Ready"” message is sent back to the SRC-node via
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the INT-node, otherwise a "Line Busy” message is sent back to the SRC-node via the
INT-node, and both the INT-node and SRC-node deallocate the free spaces already

agsigned.

9.4.2. Uonversation phase

For voice integration the system has two levels of synchronization (i} an event or
a slot, and (ii) a cycle which starts whenever the value, modulo ¢, of the slot counter is
one; i.e., the cycles of all the nodes are in phase. As a result an end-to—end voice syn-
chronization is maintained, and the speech parcels which arrive ab their destination
can be converted back into voice in a constant rate {with maximum error of only

+0.5T, ).

Each source and destination telephone generates one parcel per cycle. Since the
dial-up procedure guarantees that there is a space for each parcel during each cycele, a
voice-parcel is transferred from SRC-node to DST-node in two eycles. The INT-node
will not transfer a voice—parcel to the DS8T-node in the same cycle it has been

received; therefore, the parcels ordering at the D3T-node are preserved.

The transmission of voice, during the conversation phase, is via the virtual
multiplexing/demultiplexing mechanism, performed in two steps:
Multiplexing — a node broadeasts a packet of data during the DMS with several speech
parcels, each with different destination on the net.
Demultiplexing ~ each node on the net receives a data packet and extracts the parcels

with its destination and discards the rest.
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The INT-node exiracts parcels from the traffic on the SRC-net with a destina-
tion to the DST-node and transfers them to its orthogonal port which sends them to

the D8T-node via the DST-net.

9.4.3. Termination phase

The termination procedure frees the space allocated for the conversation during
the dial-up phase. The SRC-node sends a "Terminate” message to the INT-node and

then to the DS T-node.

9.5. Analysis

Analysis evaluates the consequences of the voice integration on a 2D-R synchrenous

hypergraph. The analysis uses the parameters previously defined.

Example:-
For the discussion some numerical results are presented which use the following
parameters:
e The speech is digitized by a sample of 8 bits every 125 useconds {the bandwidth is
8,000 bytes per second)
o T, = 25,000 pseconds (the duration of speech which is sampled into one voice-
parcel of 1,600 bits)
s BW,, = 10° bits per second {the bandwidth of a net)

e Thars == 32 pseconds (the duration of one data minislot)

7 8 25,000 8
® Tpyp = e == 1.6 pseconds {the duration of one parcel
PAR ™ oz BW,. 125 108 4 { p )
T rec
@ p = —;f{—)—'}if—“‘l— = 20 parcels in one data packel (during one DMS)
+PAR



1486

» ¢ = —i— %2 700 slots per cycle

s
LS

e n = 100 nodes per net

49.5.1. End-to-end delay

The end-to—end delay is measured in eycles (T,

») and is defined as the time inter~

val between the analog/digital conversion (ADC) and the digital/analog conversion
(DAC). Tt takes one eycle for ADC of one parcel; at the end of the cycle the parcel is
at the SRC-node. During the next cycle the parcel arrives at the INT-node and at the
DST-node during the third cycle. The DAC, for regeneraiing the voice-parcel, can
then start. Thus, it takes three cycles for a voice-parcel to get from the source phone
to the destination phone; e.g., for 7}, =25 milliseconds the end-to-end delay is 75 mik

liseconds,

The time for internal data transfers within the interface is ignored since it is
assumed to be much smaller than the eyele time. Also, the frame delay is ignored

since it is only a few slots much less than the 700 slots of one cycle.

9.5.2. Reservation inefficiency

Reservation inefficiency is defined as the communication capacity which is wasted
because of the voice reservation mechanism. Assume that the average utilization of a
reserved slot is 0.5, so every port on a net might waste an average 0.5 DMS. Hence,

the reservation inefficiency (£) is
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i
Eppsery = 0-5”‘:‘190(%}~

100

e 00 == 79,
700 %

For the &bOVﬁ example it is éR[’:SERV == {,5

Note: (i) The wasted space is actually free and can be used by the node for data
fransfers or for dial-up and termination messages. (ii) The reservation inefficiency
decreases as the number of nodes decreases. (iii) The number of slots in one cycle {¢}
increases linearly as the BW,, increases; therefore, in a higher communication
bandwidith the reservation inefficiency decreases {assuming that all other parameters
are not changed). This last result is especially important since it indicates a direct

advantage for using channels with a higher bandwidth.

9.6. Routing by Local Balancing

The routing algorithm is performed by the SRC-node before beginning the dial-up
protocol. In general, telephony communication is easier to balance, since each conversa-
tion duration is about four orders of magnitude longer than the time slot. Therefore,

load balancing can be viewed as a static procedure rather than a dynamic one.

The proposed routing algorithm has the following principles:
(1} each node has a regervation register at each port,
(i) each node does not reserve more than i actually needs,
(i1} only primary routes are considered,
(iv} reservation criterion — the selection between the two primary routes is made such
that the total number of reserved slots on the two orthogonal nets is the same, i.e., the

two reservation registers have reserved the same number of slots.
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The major advantage of this procedure s that it can be done in a completely distri-

buted manner and without exchanging any additional information. If the nets systems

are more or less uniform, this algorithm may have an efficient performance.

8.7, Discussion

The iutegration of voice telephony into the synchronous optieal hypergraph has

been shown to be straightforward. From the hardware point of view there are two addi-

tional requirements: (i} reservation register of ¢ cells ai each port, and [ii} comparator

for the virtual demultiplexing,

The low~dimension, high-bandwidth hypergraph has two major advantages over

higher dimension hypergraph {or point~to-point network):

(1)

The end-to—end delay of the volce-parcel is preportional to the length of the
path, which is measured by the number of nets in the path. Therefore, a lower

dimension with fewer nets in its path results in a shorter end-to~end delay.

The inefficiency for the integration of voice is smaller as the bandwidth gets

higher, as shown in the following equations:

n
Srpspry = 0-5—100(%).
: : Ty s . -
Since, (1) ¢ = T {il} r is the size of a slot in bits, and (ilij T, =
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