Chapter 18
T Carrier

The number of simultaneous conversations being car-
ried by telephone companies from place to place is so
huge, that telephone companies have for years been
working to concentrate, or multiplex, large numbers of
voice circuits onto a small number of wires. Early meth-
ods used frequency division multiplexing and analog
methods, but digital methods have been common for al-
most 50 years.

The first of these digital methods was“T Carrier”, a
group of synchronous multiplexing methods that are
till widely used in the U.S. telephone industry. They
come in various versions which run at various speeds,
ranging from T-1 at the slow end to T-4 at the high
speed end. Corresponding to these is a set of methods
called DS-1 through DS-4. These arerelated like this:

e The DS- notation describes the basic multiplex-
ing scheme, which specifies the speed, the for-
mat of the data, and various other characteristics

e The T- notation is the actual physica im-
plementation of the corresponding DS-x system
inawireor cable.

For example, T-1 isthe actual cable connection that car-

riesaDS-1 data stream.

In addition to these, the term DS-0 is used (but with-
out a T-0 to go with it) to designate a single digitized
voice circuit. These methods can be summarized as fol-
lows:

DSO0 64K bps 1 voice channel
DS1/T-1 1.544 Mbps 24 voice channels
DS1C/T-1C | 3.152 Mbps 48 voice channels
DS2/T-2 6.312 Mbps 96 voice channels
DS3/T-3 | 44.736 Mbps | 672 voice channels
DS-3C/T-3C | 90.524 Mbps | 1344 voice channels
DS4/T-4 |274.176 Mbps| 4032 voice channels

(The -1C and -3C versions don't quite fit into the over-
all scheme: the -1C speed is two -1 channels plus a bit
of overhead, while the -3C istwo -3 channels. The letter
C stands for “Combined”.)

There is asimilar set of methods called E-1 through
E-4, that are used in Europe and various other countries;
these can be summarized as follows:

E-1 2.048 Mbps 30 voice channels
E-2 8.448 Mbps | 120 voice channels
E-3 34.368 Mbps | 480 voice channels
E-4 139.264 Mbps| 1920 voice channels
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The sequence of DS-0, DS-1, DS-2, DS-3, and DS-4
(or the corresponding set of E- methods), which build
one upon each other, makes a hierarchical system, and
so it (and other systems like it) are often called a data
hierarchy.

These methods are excellent examples of synchro-
nous multiplexing, and show a variety of interesting
techniques. DS-0 and DS-1/T-1 especially make a good
introduction to synchronous multiplexing.

DS0

DS-0isthe 64K bpsdigital signal which carriesasingle
voice channel. Since it isn't specifically implemented as
a corresponding T-0 signal, the name DS-0 is more of a
general term which people use to describe severa
dlightly different ideas. Without calling it DS-0, we ac-
tually introduced the ideain two previous chapters:

e In Chapter 14, we said that analog telephone
voice signals are sampled 8000 times per second,
and encoded in 8-bits using p-law encoding. The
data rate of a DS-0O connection is therefore
8000 x 8, or 64,000 bps. (Though the letter K
usualy means 1024 in digital computer circuits,
in communications it generally means 1000.
Hence 64,000 bps is also caled 64K bps.) Al-
though we did not specifically say so, the im-
plication is that these 64K bits per second are
evenly spaced, 364000 second apart.

e In Chapter 16, on the other hand, we described
the analog line card in a switch. We pointed out
that the line card contains a codec, which outputs
a 64K bps data stream, but in a series of bursts.
Each 8-hit burst lasts about 5 microseconds, and
then there is a wait of about 120 microseconds
before the next burst. Outputting 8 bits every 125
microseconds (i.e., 8000 times per second) also
makes atotal of 64K bits per second.

While technically both of these occur at 64K bps and so

can be called a DS-0 data stream, the latter are actually

part of aDS-1 data stream, so let uslook at that next.

DS-1 Frame

Whereas DS-0 is one voice channel (and thus 64K bits
per second), DS-1 contains 24 voice channels, synchro-
nously multiplexed together. The system was devel oped
by AT&T inthelate 1950’ s as the first step to digitizing
the telephone network.

Since each voice channel needs 8 bits every ¥8000
second, in 24 voice channelsthereis atotal of 8 x 24, or
192 data bits every ¥8000 second. This group of 192 bits,
plus one extra bit that marks the beginning of the group,
makes up a DS-1 frame. The total frame therefore con-
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Fig. 18-1. One DS-1 Frame = 193 bits

sists of one framing bit, followed by 192 data bits, for a
total of 193 bits per frame. Thisisshown in Fig. 18-1.

Since there are 8000 frames per second, there is a
total of 8000 x 193, or 1,544,000 bits per second.

Let's now look a one channel worth of bits. At
1.544 Mbps (megabits per second or 1.544 million bits
per second), the time for each bit is

1
1,544,000

and so the eight bits from one channel require
8 x 0.65 psec, or about 5 microseconds. Since the entire
frame lasts Y8000 second, which is 125 microseconds,
that leaves about 120 microseconds between bursts. Just
enough time to squeeze in 23 other voice channels plus
aframing bit.

Now imagine that you are sitting by the side of a
DS-1 data stream (or T-1 cable), watching 1,544,000
bits go by every second, looking for a particular voice
channel. How do you identify the particular group of
eight bitsthat correspond to your channel?

Simple — find the framing bit, and count from
there. For example, the first voice channel is the first
eight bits after a framing bit; the 13" voice channd is
the 13" group of eight bits after a framing bit, and so
on.

But how do you find the framing bit? After all, fram-
ing bits are just ONES and zZEROS, and so they look just
like any other hit!

=0.65 psec

The D-1 Channel Bank

The very first DS-1 implementations used multiplexers
called D1 Channel Banks. These multiplexers alternated
the framing bits 1, O, 1, 0, ... in a continuous repetition.
The idea was that there would be a oNE framing bit,
then exactly 193 bits later there would be a zero, then
exactly 193 bitslater another ONE, and so on.

| DETOUR ¢

Since these framing bits look just like any other bit,
you would think that it would be aimost impossible to
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identify them. Yet finding such a pattern buried in the
dataisactually quite simple. Let’slook at an example:

Suppose the frame length is 3 bits, not 193, and we
have the following string of bits. Can you find the fram-
ing bitsthat are buried in it?

11010011100111010111010101110111100011000

Imagine that you have a mask — a piece of paper with
cutout windows, through which you can only see every
third bit. Position it on top of the line of numbers, like
this (we'll show the hidden bits, but make them
smaller):

11010011100111010111010101110111100011000
Hmmm ... not quite. Try it like this:

11010011100111010111010101110111100011000
That looks good! Just in case, try it thisway:

11010011100111010111010101110111100011000

No — it looks like the second view was right.

The point is that it is possible to find the framing
bits in the data if you look hard enough and long
enough. But is it possible that the data between the
framing bits aso has the same pattern? For example,
what if the datalooked like this:

111000111000111000111000111000111000111

Now it would be quite impossible to tell exactly which
bit is the framing bit because the pattern 1xxOxx1xx0...
appearsin severa different ways.

Whileit is possible that someone has purposely jury-
rigged the data so it looks like framing bits, AT&T ini-
tially assumed that this is not likely to happen in real,
meaningful data. Besides, they reasoned, once you do
identify the real framing bits, it no longer matters what
data is between them, because you’ ve already found the
framing bits, so you are no longer looking for them.

You can look at it as a probability problem. Suppose
you have alarge string of data bits that came from some
unknown, and largely random process. What' s the prob-
ability that the 193 bit after a ONE in this random data
stream will be azero? The probability is V2, sort of like
tossing a coin: the probability of a specific head or tail
is ¥2. What is the probability of having both this zErO,
and another oNE 193 hits later? It is ¥4. Each time you
get another framing bit, the probability of arandom data
string providing the right pattern to look like framing
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bits goes down by a half. At the rate of 8000 framing
bits per second, it doesn’'t take many seconds for the
probability of being fooled by random data going very,
very, very closeto zero.

The problem with this reasoning is that it only ap-
plies to random data. Unfortunately, one of the test
tones that was widely used at the time was a 1000 Hz
sine wave. Sampling this tone 8000 times per second
will (if the frequencies are exact) result in the tone al-
ways being sampled at exactly the same points. In that
case, it is possible to get a repeating bit pattern which
has ONES and zEROs alternating every 193 bits, thus
fooling the circuitry that looks for framing bits.

The solution back then was twofold: use 1004 Hz
for testing instead of 1000 Hz, and modify the channel
banks to use a different framing system with super-
frames and extended superframes, as we will see in a

moment.
END OF DETOUR

The D1 channel bank was used to carry 24 voice
channels over one set of wires. To do that, however, it
needed to also carry some signaling information. For
example, consider a new building with 24 apartments.
Rather than bring in 24 separate wire pairs for tele-
phones, the telephone company might bring in one DS-
UT-1line, and install achannel bank in the basement to
split it up into 24 separate lines. They now needed some
way to tell the central office switch when one of the
telephones goes off hook, and aso to tell the channel
bank when to ring a phone.

Their solution was simple — instead of letting each
channel use the full eight bits for digitized voice, use
only seven bits for voice and take one (the least signifi-
cant bit) and use it for signalling. The process of “steal-
ing” one bit is called bit robbing.

Since bit robbing only leaves 7 actual data bits out
of the 8, it means that the total number of usable data
bits per second is only 56,000 rather than 64,000. When
such achannel is sold to a customer for data, rather than
voice applications, it only provides a 56K bps data
channel.

When used for voice, the disadvantage of robbing a
bit from every 8-bit sample in every frame was that this
reduced the voice quality. This was acceptable for local
caling, where only a small number of channel banks
might be involved. But in long-distance calling, where
the voice signal might be multiplexed and
demultiplexed severa times, the reduction in quality
was serious. And so later model channel banks used a
more sophisticated system to selectively rob only some
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bits, by using superframes and later extended super-
frames.

The Superframe

The superframe was introduced with the D-2 channel
bank; it isno longer designed into new equipment, but it
il is used in plenty of older gear. It is a group of 12
frames, so it consists of 12 x 193 bits, or atotal of 2316
bits. As before, it has a pattern that goeslike this

» aframing bit

e 192 data bits, containing 24 channels

» aframing bit

e 192 datahits

» aframing bit

e 192 datahits

and so on, for atotal of 12 framing bits, always sepa-
rated by 192 data bits between them.

The difference is that the framing bits have a differ-
ent pattern to them. Instead of being 101010101010, as
in the older D-1 channel banks, the 12 framing bits
within a D-2 superframe go like this:

100011011100

(and then the pattern repeats 100011011100 in the next
frame again.) That is, the first framing bit in the super-
frame is always a 1; the second is always a 0; the third
is also aways a 0; and so on. To find the beginning of
the frame, the receiver simply looks for this repeating
pattern in the bits as they come streaming by.

Looking for a pattern of 100011011100 is not much
different from looking for the 101010101010 pattern in
a D1 channel bank. Just as before, there is, of course,
the possibility that this same pattern might also occur in
the data between the framing bits. But, although that
may happen now and then, the chance of its happening
continuoudly is zero. And since the receiver is continu-
oudly checking the framing bits, it is not likely to get
fooled. Once it latches on to the correct pattern (which
takes an average of 50 milliseconds, but may be longer),
it expects to see that same pattern repeated over and
over and over.

The advantage of using a 100011011100 pattern is
that it allows the equipment to identify not just the be-
ginning and end of a frame, but also to identify a spe-
cific frame out of a group of 12 in the superframe. This
alows selective bit robbing in only every sixth frame,
rather than every frame.

The norma method is to stea the least significant
bit from each channel in the sixth frame and the twelfth
frame of the superframe, as shown in Fig. 18-2. Each of
the 24 voice channels therefore may have a slight error
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Fig. 18-2. Bit robbing in superframes

every six frames, or every 8000 of a second. But this

error is not audible because

o itisonly intheleast significant bit, and so repre-
sents only atiny voltage error — one quantizing
step,

it only happens every sixth frame, and

e itisnot continuous. On the average, half thetime
the replaced hit (representing signalling) happens
to be the same as the 1 or 0 that would have been
there in the voice data anyway, so in that case
thereisno error at all. Only if the replaced bit is
different from the one that would have been
thereisthere an error.

In each channel, the two stolen bits are called A and B:

The A bit is the one stolen from frame 6, and B is the

one stolen from frame 12. With two bits, the AB bits

could have four different meaningsin each direction.

Extended Superframes

A more recent, and better solution, was introduced with
D-5 channel banks, which use extended superframes
(ESF) rather than regular superframes (SF). Whereas a
regular superframe is 12 frames, the extended super-
frame contains 24 frames. It therefore also has 24 fram-
ing bits.

Remember that the equipment recognizes the fram-
ing bits, as well as the beginning and end of a super-
frame, by looking at the framing bit pattern. Asit turns
out, it doesn’t need to look at every single framing bit to
recoghize the framing bit pattern — being able to recog-
nize just every fourth framing bit is good enough. In the
extended superframe, it looks at framing bits 4, 8, 12,
16, 20, and 24. These six framing bits have the pattern
001011. That is, the 24 framing bits in the extended
superframe ook like

(ITO 110 111 (170 (1711 [1TT1
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where the 18 other framing bits are shown as dots. The
remaining 18 framing bits are used asfollows:

e The framing bits in frames 2, 6, 10, 14, 18, and

22 hold a 6-bit CRC (see Appendix C for an ex-
planation of the CRC or Cyclic Redundancy
Check). The CRC is used to check whether the
previous extended superframe was received cor-
rectly.

The remaining framing bits — those in the odd-
numbered frames — add up to 4000 bits per sec-
ond, and provide a 4K bps additional channel,
caled a Fecility Data Link or FDL, which can

be used by the equipment manufacturer for
maintenance, testing, or other purposes.

If we use the letter C for CRC bits and F for this addi-
tional 4K bps FDL channel, the 24 framing bits in the
extended superframelook like this:

FCFOFCFOFCF1FCFOFCF1FCF1

What about bit-robbing? Extended superframe also sup-
ports bit robbing in every sixth frame, so the least sig-
nificant bit is again robbed, this time in frames 6, 12,
18, and 24 of every superframe. But in this case, the
four bits robbed from each channel in each extended
superframe are called A, B, C, and D, so these four bits
could signify up to 2% or 16 different conditions.

These extra framing bits in extended superframe add
quite a bit to the system. The CRC allows maintenance
people to detect errors long before they become serious
enough to disrupt operation, while the extra FDL bits
provide other testing and maintenance options. In gen-
eral, ESF systems are much more reliable than SF sys-
tems.

T-1Facility

The term DS-1 describes the data pattern and general
concept of the 24-voice-channel system. The term T-1
describes the actual physical connection that carries the
DS-1data

The T-1 system was designed to use the same physi-
cal 24-gauge or 26-gauge unshielded twisted pair wire
asis used for an analog subscriber loop connection. But
it usestwo pairs, onein each direction.

When used for an analog subscriber loop connec-
tion, long cables (over about 6000 feet long) generaly
use loading coils to improve the high frequency re-
sponse. These loading coils are installed at 6000-foot in-
tervals. When such a cable is used for a T-1 connection,
the loading coils must be removed (since they prevent
any high frequency digital data from getting through),
and replaced by T-1 regenerators, which amplify and re-
generate the T-1 digital data signal. So T-1 is designed
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Fig. 18-3. AMI signa used in T-1 spans

to go up to 6000 feet in one hop; a single such hop is
called a span.

These T-1 regenerators need electrical power to run.
To avoid having to be plugged into a power outlet
(which might be difficult to find on top of a telephone
pole or in a manhole), the T-1 line often carries DC
power in addition to the digital signal.

The T-1 line uses a digital AMI signa of + 3 volts,
as shown in Fig. 18-3. A zerO is shown as 0 volts
while ONES are shown as alternating +3 and —3 volt RZ
(Return-to-Zero) pulses.

AMI stands for Alternate Mark Inversion (see Chap-
ter 13 for a discussion of various digital signal formats.)
The word “mark” means a ONE, S0 ONES aternate polar-
ity. If one ONE is positive, the next ONE is supposed to
be negative. If it ever occurs that two ONES are the same
polarity, thisis called a bipolar violation and is consid-
ered an error (except in one special case.)

The*Too Many ZEROS’ problem

AMI is not what we called a “self-clocking” code in
Chapter 13. That is, it does not have some sort of an
edge or pulse for every bit, something which would
make it easy for a signal receiver to synchronize its
clock to the incoming data. Only the ONES have a pulse,
the zEros don't..

Nevertheless, a receiver can still synchronize its in-
ternal clock to an AMI signal as long as there are
enough ONES to give the clock an occasiona nudge to
keep it in step. A long string of ZEROS, on the other
hand, would cause the clock to fall out of step. Modern
T-1 receivers are able to stay synchronized as long as
there aren’t more than 15 ZEROS in arow.

When a T-1 line is used to carry 24 voice channels,
this is not a problem. When discussing p-law A-to-D
conversion and compression in Chapter 14, we made a
point of explaining that the converter would never out-
put a code of 00000000 — eight zErROS. The longest
string of zEROS that it can output is either the number
00000001 or the number 10000000, both of which have
only seven ZEROS.

When two adjacent channels in a frame have the
combination
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....10000000 00000001....

that isstill only 14 zerosin arow. No problem.

The worst case situation would be if the last voice
channel in a frame is 10000000, then there is a framing
bit of 0, and then the very first channel in the next frame
is 00000001. The resulting bit pattern would then be

....10000000 0 00000001......

which gives precisely 15 zErOs in a row. And that is
still within the acceptable range.

So 24 voice channels in a T-1 line is no problem.
But there could be a problem if that T-1 lineis carrying
non-voice digital data.

Non-Channedlized T-1

So far, we have been assuming that the DS-1/ T-1 car-
rier system carries 24 DS-0 voice channels. That was
the original intent, but that has changed.

Today, some of those 24 channels might be carrying
digitized voice, while others might be carrying pure
data. For example, the B channel in an ISDN is a 64K
bps channel which might carry voice or data; some-
where along the line, it might appear as just one channel
among many on a T-1 span.

Furthermore, sometimes a DS-1 / T1 system might
not carry any voice channels at al. In fact, it might not
even be divided into 24 channels. It would still carry
framing bits, but the remaining 192 data bits in each
frame might be pure data for just one customer. Such a
system would be called non-channelized. It would pro-
vide a 1.536 megabit-per-second channel (often called a
data pipe or digital pipe) which the customer can use
for any purpose.

You can’t very well tell a customer that heis not al-
lowed to send a lot of zEros in his digital data, and so
either of these systems might easily violate the rule of
no more than 15 zeErosin arow.

B8ZS

B8ZS or Binary Eight Zero Substitution is one answer
to the problem of too many zErosin arow.

When a T-1 transmitter is set to use B8ZS, it contin-
uously monitorsthe datait is sending. Any timeit seesa
00000000 byte, it changesit to 00011011. When the T-1
receiver at the far end of the line receives the 00011011
code, it automatically changesit back to 00000000.

The catch, of course, isthat the byte 00011011 could
also appear inside normal data, and so the receiver has
to know which 00011011 to change, and which
00011011 to change. This is done by marking the sub-

18-5



00011011

Previous
ONE

Fig. 18-4. Bipolar violation in B82S

stituted 00011011 by giving it a double bipolar viola-
tion.

AsFig. 18-3 showed, in AMI alternate ONES are sup-
posed to be opposite polarity pulses. If two consecutive
ONES come with the same polarity — either both plus, or
both minus — this is a bipolar violation and normally
considered an error. But in B8ZS this is done on pur-
pose to mark the byte as one which should be changed
back to 00000000.

Fig. 18-4 shows how thisis done. If the last ONE be-
fore this byte was +, then the four oNEs in 00011011
should start with a minus pulse, that is, their polarity
should be — + — +. Instead, B8ZS puts a bipolar viola-
tion into bits 4 and 7, so that the polarity is+ —— + as
shown. (If the last ONE before this had been negative,
then everything would be upside down, the four ONES
would be — + + — and there would still be a bipolar vio-
lation in bits4and 7.)

The T-1 receiver therefore monitors its input, and
signals an error on al bipolar violations except this one
special case. When it sees this particular bit combina-
tion with its double bipolar violation, it changes the
00011011 code back to 00000000.

Obviously, when using B8ZS, both the transmitter
and the recelver have to know it. Most T-1 systems
banks have a switch which has two positions labelled
“B8ZS’ and “AMI”. This is sometimes confusing to
users, because a better description would be “AMI with
B8ZS’ and “AMI without B8ZS'.

T-1equipment

The DS-1/ T-1 system has been quite standardized, and
the equipment at the two ends of a span can come from
different manufacturers — the fact that two different
manufacturer’ s equipments can be at opposite ends of a
span is sometimes called a mid-span meet. But there are
some variations, some of which are not compatible with
each other, and there is a variety of equipment with
often confusing hames.

Channel banks
Let'sfirst summarize the various channel banks:
e The D-1 channel bank wasfirst. It robbed abit in
every frame and did not use superframes. As a
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result, only 7-bit conversion was used, and dis-

tortion was high.

e The D-2 channel bank introduced superframes,
and robbed bits only in every sixth frame.

e The D-3 channe banks were more compact, and
numbered the channels within a frame dlightly
differently.

¢ D-4 channel banks were even more compact, and
also provided more maintenance functions.

e D-5 channel banks introduced the extended
superframe.

Channel banks were more designed for connections be-

tween and inside central offices. In addition, telephone

companies also used a variation of channel banks called

Subscriber Loop Carrier, which were specifically de-

signed to multiplex subscriber loops. SLC-96, for exam-

ple, used four T-1 spans to provide connections for up
to 96 subscribersin abuilding or group of houses.

Early versions of such multiplexers assigned the 96
channels to 96 subscribers, whether they were using the
phone or not. Later versions would alow these channels
to be shared as needed among more subscribers, on the
theory that not all subscribers need to make a call at the
same time. But if more subscribers try to call than there
are channels, they may get no dial tone, or get a busy
signal.

CSU and DSU
When they lease a T-1 line from the telco, customers

need to install special equipment to “talk” to the telco

equipment. Two distinct functions (often combined in
one piece of equipment called a CSU/DSU) are needed:

e Connected to the telco T-1 line, a CSU or Chan-
nel Service Unit conditions the AMI signa to
and from the T-1 line, performs B8ZS conver-
sion (if needed), and allows the telco to do some
testing.

» Between the customer and the CSU, a DSU or
Data Service Unit does the conversion to and
from AMI, adds or checks framing bits, and aso
allows the customer to do testing.

Repeatersand phantom power

As mentioned before, normal T-1 lines are designed to
reach 6000 feet without repeaters. When a longer dis-
tance is needed, repeaters are inserted into the line at
6000-foot intervals (but the distance from the end of the
line to the first repeater is generally only 3000 feet). As
we mentioned earlier, thisis the same distance that load-
ing coils were originaly used in analog subscriber
loops, so removing loading coils and replacing them
with repeaters combined two jobs with one trip.
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To provide power for these repeaters, and possibly
other equipment along a T-1 span, DC power is some-
times sent aong the cable. A T-1 cable without DC
power is called a dry span, while one with power is
called a wet span. Fig. 18-5 shows how the power is
sent along the two pairs of cables used for the T-1 span.
When there is more than one repeater on the line, then a
somewhat more complex circuit is used to allow al of
them to received power from the one supply.

Digital Cross Connects

Imagine this: a T-1 coming in from the east carries
(among others) a signal on channel 3, and you want to
send it out on channel 17 of another T-1 span going fur-
ther west (and carrying other channels as well.) How do
you transfer the signal from one line and channel to an-
other?

This process of separating and recombining chan-
nels is called grooming. In the early days of T carrier
systems, it would have required a demultiplexer with 24
codecs to separate the T-1 signals into 24 analog voice
channels, then either a direct analog connection or per-
haps a switch to direct the desired signal into another
multiplexer, which would then take 24 new channels
and combine them into one T-1 signal using another 24
codecs. (This process of converting from digital back to
analog and then back to digital explains why the 7-bit
coding of a D-1 channel bank was adequate for a short-
distance connection, but not for long-distance circuits
which might involve many such conversions.)

The modern approach is to do the entire process dig-
itally. An add-drop multiplexer can extract a particular
set of bits from a high-speed data stream, and substitute
another set of bitsinstead of it. The entire system, which
uses multiple such add-drop multiplexers to switch sig-
nals digitally between multiple inputs and outputs is
caled a Digital Cross Connect or Digital Access Cross
Connect.

Copyright © 2002 by Peter A. Stark - All Rights Reserved

T-1Variations

T-carrier is an old technology, dating back to the
1960’'s. There have been a number of extensions to the
technique. Some of these have been adopted by many
vendors, while others are proprietary.

HDSL and HDSL -2

Being able to go longer distances without repeaters
would be nice, of course. In the early 1990's, work was
being done on various kinds of DSL or digital sub-
scriber lines. One of these was HDSL or high-bit-rate
digital subscriber line. HDSL used the same speed as T-
1, but had several advantages over T-1. It could reach as
far as 12,000 feet, twice the distance of T-1, without re-
peaters; with repeaters, it could be extended to 24,000
or 36,000 feet. Like T-1, it used two pairs of wires (one
pair in each direction), but there was amajor difference.
In T-1, the two pairs had to be separated from each
other, and sometimes even shielded, to prevent interfer-
ence between them, and between them and other cir-
cuits; in HDSL they did not. The longer distance and
lack of interference was partially due to a different sig-
nal format: T-1 used AMI, whereas HDSL used 2B1Q
like BRI ISDN.

In the late 1990's came an improvement called
HDSL-2. Using Trellis coded pulse amplitude modula-
tion instead of 2B1Q, and an echo-cancelling system
called POET or Partially Overlapped Echo Cancelled
Transmission, HDSL -2 achieved full duplex transmis-
sion over just one pair of wires.

Because of its longer distance capabilities, and the
fact that it needs just one pair of wires instead of two,
HDSL-2 is a significant improvement over T-1. As of
the year 2000, commercia equipment is slowly becom-
ing available.

Fractional T-1

Computer users sometimes say they have a Fractional
T-1 line. This terminology simply means a T-1 line in
which some of the 24 channels are empty. For example,
a user who does not need the full 1.536 Mbps of a T-1
line (although the data rate of T-1 is 1.544 Mbps, 8000
of those bits are framing bits, and they do not carry user
data) might use only half the channels for a capacity of
758,000 bps, and refer to this as a fractiona T-1. In
terms of hardware, however, the fractional T-1 line re-
quiresthe sametwo pairsasafull T-1line.

Voice compression

The normal DS-0 scheme for converting a voice signal
from analog to digital uses 8-bit pulse-code modulation,
using p-law encoding, to give a 64K bpssignal. Thisal-
lows 24 voice channelsto fit into one DS-1/ T-1 signal.
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More channels can be squeezed in, however, with voice
compression.

One compression method combines a technique
caled linear predictive coding (LPC) with adaptive dif-
ferential pulse code modulation (ADPCM). LPC triesto
predict what the next sample will be, based on previous
samples. By itsdlf, LPC is not perfect, and so it pro-
duces an error. But that error is often small, and can be
expressed with just afew bitsusing ADPCM, which can
then correct the error. If each sample thus requires only
4 bits, instead of the standard 8, then the capacity of a
T-1 line can be amost doubled. In practice, a T-1 line
can produce 44 voice channels, rather than 48, because
the extra bits are used for signalling.

Another compression method looks for periods of si-
lence in your speech, and replaces your data with some-
one else' s voice channel data while you are quiet. Since
silent periods are fairly common, this technique can
more than double the capacity of a channel. This tech-
niqueisespecially popular on overseaslinks.

E-1

T-1 is the dowest, basic T-carrier method used in the
U.S. while E-1 is the slowest and basic method used in
Europe and afew other countries. Whereas T-1 works at
1.544 Mbps and carries 24 voice channels (plus framing
bits), E-1 works at 2.048 Mbps and carries 30 voice
channels.

The basic E-1 frame consists of 32 eight-bit chan-
nels, for atotal of 256 bits. At 8000 frames per second,
this multiplies out to

32 x 8 x 8000 = 2,048,000 bps

But of the 32 possible channels, one channel is used en-
tirely for framing (since there are no framing bits),
while another is used entirely for signalling (since E-1
does not use robbed bit signalling), leaving 30 channels
for voice.

Timing problems

When a T-carrier span is used as a simple point-to-point
connection, and is not connected to any other carrier
system, then clock frequency and synchronization is not
a mgjor problem. For example, a T-1 receiver simply
synchronizes its own clock to the received T-1 data (re-
member that there is a requirement that there not be
more than 15 zEROS in a row to guarantee that the re-
celver can synchronize)) The transmitter clock can be
slightly off, and the receiver will adapt.
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But two timing problems surface when the T-carrier
islinked to other carrier systems, such as with add-drop
multiplexers and digital cross connects:

e The incoming data rate may be different from
the outgoing data rate. If the incoming data rate
is higher, bits pile up and have nowhere to go. If
the incoming data rate is too low, there is room
for bits, but nothing to put into it. The solution
here is to try to run everything at the same data
rate, and also to provide some space into which
extrabits can be stuffed.

e Even if the incoming and outgoing data rate are
the same, the timing may be off — a frame may
come in while the output is in the middle of
sending another frame. The solution here is a
buffer memory, but thisis difficult to implement
at very high speeds.

Recognizing the problem, the telephone companies de-
cided to build an extremely accurate atomic clock lo-
cated near the geographic center of the United States. At
the time it was called the BSRF or Bell System Refer-
ence Frequency; with the breakup of the Bell System, it
isnow called the Basic System Reference Frequency.

The BSRF is accurate to 1 part out of 101, which
translates to a maximum error of 1 second in about 3170
years. More important, it translates to a maximum error
of ¥8ooo of a second — the time for one T-1 frame or
one sample of digitized voice — in about 4.7 months, or
an error of ¥2 of aframe (one-half of ¥8000 of a second)
in about 72 days. This latter time is called the time to
thefirst frame dlip.

At thetime of its original design, atomic clocks were
extremely expensive, and so one master clock to run the
entire telephone system was an economical solution, es-
peciadly since the entire long-distance system was run
by one company — AT&T. Today, however, system
reference clocks are run by other IXC's such as Sprint
and MCI. Moreover, the same kind of accuracy is avail-
able from other sources, and at much lower cost.

The original idea was to have a system of clocks as
shown in Fig. 18-6, arranged in levels or strata. The
BSRF atomic clock would be used for level 1 or Stra-
tum 1. It would be the most accurate, and the reference
for the entire system.

Underneath would be a set of Stratum 2 clocks,
somewhat less accurate (and cheaper). These would
normally be connected to and synchronized with the
Stratum 1 clock, but if that connection failed, they
would be able to run by themselves for awhile (until the
connection was fixed), though at lower accuracy. In the
same way, there would be an even less accurate Stratum
3 layer underneath those, and afourth Stratum 4 layer at
the bottom. Each layer would be synchronized to the
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Fig. 18-6. System clock hierarchy

layer above, but able to run by itself for awhile, if need
be. These stratum clocks can be summarized like this:

Driftif free- | Timeto first
Stratum |Where used running for | framedlip
24 hours when free-
running
1 BSRFetc. | 1x10° 1 72 days
2 Toll centers | 1x107%° 7 days
3E SONET 1x10°8 1.7 hours
3 | EndOffices | 37x1077 | 3minutes
4 Customers 32x10° 2 seconds

The table shows one new Stratum level, level 3E or 3
Enhanced, which was inserted when it was found that
Stratum 3 was not quite good enough for SONET sys-
tems (see the next chapter.)

Note the structurein the levels:

e Stratum 1 clocks are the system reference, pri-
marily for interexchange carriers (IXC's). They
provide the timing synchronization signalsto

e Stratum 2 clocks, which would normally be just
as accurate as the Stratum 1 clocks as long as
they are connected to Stratum 1 reference. These
Stratum 2 clocks would generally be used at the
IXC toll centers. At each connection point to a
Local Exchange Carrier (LEC), this clock would
also send sync signalsto the

o Stratum 3 clocks in LEC end offices, so these
would normally also run at the Stratum 1 accu-
racy (unless there was a break in the chain some-
where above them.) In turn, the Stratum 3 clocks
would send sync signals down the chain to the

o Stratum 4 clocks at individual customers. Al-
though these have pretty bad free-running stabil-
ity by themselves, they stay synchronized to the
EO clocks above them in normal use. Only if the
connection to the EO above them breaks do they
go into their free-running, and inaccurate, mode,
but at that point it doesn’t matter.
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The result would be a sort of master-slave structure,
where higher stratum levels would be the master, and
the lower levels, which copy the frequency of the mas-
ter, would be the slaves. Furthermore, in every link, one
end would be designated as the master and the other the
save.

This simplified structure has changed a bit over the
years as accurate clocks have become cheaper. The U.S.
Department of Defense runs a system of Global Posi-
tioning Satellites (GPS) which are used for navigational
purposes, but which aso have very accurate atomic
clocks. Fairly inexpensive GPS receivers can receive
the signals from these satellites and provide a clock ac-
curate to Stratum 1 levels, but at minimal cost. Hence
many offices which used to have Stratum 3 clocksin the
past can now have their own Stratum 1 clock system.

| DETOUR ¢

Don't confuse the stratum concept described above
with the stratum clocks on the Internet.

When an e-mail message is sent on the Internet, it
includes a date and time. In order to make sure that the
date and time on all systems is set more-or-less cor-
rectly, there is an Internet protocol for distributing the
time between systems. There are systems which claim
to have accurate clocks, and they call themselves Stra-
tum 1 clocks. Computers which in turn get their time
from Stratum 1 systems call themselves Stratum 2, and
so on. But this scheme is nowhere as accurate as the
system used in the communications field. Even aside
from the fact that it takes milliseconds just to transfer
the time from one system to another over the Internet,
some of these self-proclaimed Stratum 1 Internet clocks
are off by hours, weeks or even years.

END OF DETOUR
DS2/T-2

The next step up in the T-carrier hierarchy is DS-2 /
T-2, which runs at 6.312 Mbps. It carries four DS-1 sig-
nals, or atotal of 96 voice channels.

DS-2 is obtained by multiplexing four DS-1 signals
together; such a multiplexer is referred to by the name
M12 — aMultiplexer that goesfrom level 1to level 2.

Stand-alone M 12 multiplexers are actually very rare.
There are some which take four T-1 signals and com-
binethem into aDS-2 signal, and then send the resultant
signal on an optical fiber. More common, however, is a
combination which consists of seven M12 multiplexers,
each of which takes four T-1 signals (96 voice channels)
and produces a DS-2 signal, and then an M23 multi-
plexer which combines the seven DS-2 signals to pro-
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duce one DS-3 / T-3 signal with 672 voice channels.
The overall package isthen called an M13 mux.

Since T-2 systems are not that common, we will skip
over some of its details and go straight on to DS-3 and
T-3.

DS-3

The DS-3 format was designed as a direct descendant of

DS-1, but 28 times faster. Although originally designed

for microwave links, it is also available in a cable ver-

sion that uses coax cable, but with a maximum range of

600 feet in one span.

DS-3 runs at 44,736,000 bits per second. At this
rate, each hit lasts about 22 nanoseconds; a byte lasts
about 170 nanoseconds. This high speed creates a num-
ber of new problems.

« A buffer to store any overflow would have to be
very fast — 170 nanoseconds per byte — and
aso potentialy very large — adelay of, say, Y10
of asecond would require storing 4,473,600 hits.

* Regardless of how well you try to time things,
incoming data is almost certain to come in at the
wrong time.

Here's why: the speed of light in a vacuum is about

186,000 miles per second, which tranglates to about 1

foot per nanosecond. Since signals in cables or optical

fibers travel at about 23 the speed of light in a vacuum,
they would travel about 8 inches in one nanosecond.

Hence about 14 feet of cable or fiber will delay a signal

22 nanoseconds, or one hit time at DS-3 speeds. Send

the signal through amile of fiber or cable, and the delay

is about 3500 nanoseconds or about 160 bit times.

Hence any synchronous digital system (which in-
cludes T-2, T-3, SONET, and others) must have some
arrangement for fixing or at least accepting timing prob-
lems. And that greatly complicates the picture.

8 blocks x 85 bits each

With that in mind, let us look at Fig 18-7, which
shows a DS-3 frame, called a Multiframe or M-frame. It
is much too long to show al in a straight line across the
page, and so Fig. 18-7 shows it in seven pieces called
subframes, the arrows show how the subframes follow
each other. The overall format islikethis:

e The M-frame is divided into seven subframes.
There are 7, because the overhead bits in each
subframe tell something about one of the seven
DS-2 datainputs which make up the DS-3 data.

« Each subframeisdivided into eight blocks.

e Each block has 85 bits, consisting of one over-
head bit (OH) plus 84 data bits. (We only show
this in the top left block, but they al have the
same structure.)

The frame thus has atotal of

7 x 8 x 85 =4760 hits.

Within the 84 data bits of each block are 12 bits from
each of the seven DS-2 inputs; these are bit interleaved,
meaning that there is one bit from the first DS-2 input,
then a bit from the second DS-2, then a bit from the

third, and so on.

Incidentally, don’t try to multiply out some of the
other numbers to make sense of this, because it will
only confuse you. For example, if you try to divide the
data rate of 44,736,000 bits per second by 4760 bits per
frame, you will get 9398.319 frames per second, etc.
The strange result is due to the fact that there are many
extra bits in both DS-2 and DS-3 to take care of timing
problems. Things will be much neater when we get to
SONET in the next chapter.

END OF DETOUR

Thereisatotal of 56 blocks (8 across by 7 down), so
there are 56 overhead bitsin each M-frame. Let’ signore
the 84 data bits in each block, and just look at the over-
head bitsin the form of atable, and label them like this:

1 0 1

AN WA A A N W
AT AT AT \T T \T

Fig. 18-7. DS-3/ T-3 Multiframe format
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Gl i
o|o|o|o|o
ololo|lo|o|o

Ok |0o|T|T XX
o000 0n 00
o000 0n 00
o000 0n 00
PRk

1

This table shows that there are four kinds of over-
head bitsin the frame:

18-10



e About half of the bits are shown as 0 or 1. These
are permanently set in that format, and are sim-
ilar to the framing bits we've seen in T-1. They
help the receiver recognize the beginning of each
block, and a so the beginning of aframe.

e Thetwo bitsin the top |eft corner labelled X are
used to send an adarm signal to the receiver.
They would normally be 11; if they are changed
to 00, that is an alarm message.

e Thetwo bits labelled P are parity bits, similar to
even parity in plain asynchronous serial data
Both P bits would normally be the same.

* Theremaining 21 bits labelled C show whether,
and where, bit stuffing is done.

Aswe've discussed afew pages ago, the high speeds of

DS-2 and DS-3 introduce timing errors. To compensate

for them, DS-2 and DS-3 both have extra space into

which they can insert so-called stuff bits. These allow
the input and output of a multiplexer to keep in step.

The job of the C bits is to keep track of these, and tell

the receiver where the transmitter put them.

A fuller discussion of the C bits would take up many
pages, and so we will stop right here, especialy since
there is a later T-3 format, called the C Bit Parity for-
mat, which greatly extends the functions of the C bitsto
provide better parity checking, a 28K bps data channel,
and more alarm and maintenance information.

T-3

T-3isthe U.S. implementation of DS-3. Although DS-3
is often used at microwaves (both ground-based and sat-
ellite), it is now also a fairly economical choice for
coax-based services.

LikeT-1, T-3 uses AMI asitssignal format, but on a
coax rather than a balanced line. But its voltage level is
much smaller — whereas T-1 uses * 3 volts, T-3 uses
just £ 0.3 to £ 0.8 volts.

Because of the higher speed, it is harder to keep are-
ceiver precisely synchronized with the incoming signal.
As aresult, no more than three zEROs in a row are a-
lowed. T-3 therefore aways uses a full-time method to
eliminate cases of 3 or more zeroes, called B3ZS.

B3zSissimilar to B8ZS, but it works on strings of 3
ZEROS rather than 8 zeEros asin B8ZS, and also its bipo-
lar violation (BPV) pattern is different: whenever B3ZS
sees a pattern of three consecutive ZERO bits, it replaces
them with either 2001 or 101 bit pattern, with the right-
hand 1 being a bipolar violation. The choice of whether
to use a 001 or 101 replacement depends on what came
before — the aim is to make this BPV the opposite po-
larity of the previous B3ZS bipolar violation. For exam-
ple, consider the data 100011000, assuming the first
bipolar violation was +, like this:
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1 0 1 1
+ + - 4+

0 0
0 0

X o o
o o

BPV BPV

In AMI, ONEs are supposed to alternate polarity, but
the spots marked with a Bpv show where there should
now be BPV's because of B3ZS. As shown, the last bi-
polar violation should also be a + pulse, but this would
make it the same polarity as the previous BPV, which
was aso +. This can be changed by substituting a 101
pattern rather than 001 at the end, which makes the X
bital, likethis:

1
+

0 00110
0 0 + +

BPV X BPV
Now the two BPV's are opposite polarity.

The reason for this seemingly strange practice is that
it makes the average number of positive bipolar viola-
tions the same as the number of negative ones. In other
words, there is an equal number of positive pulses and
negative pulses, which keeps the average DC level on
theline at zero volts.

| DETOUR ¢

There is a similar scheme used in some foreign coun-
tries called HDB3 or High-Density Bipolar 3 Zeroes. It
isidentical to B3ZS except that it works on four zEROS
rather than three. That is, the combination 0000 is re-
placed by either 0001 or 1001, with the last 1 a BPV.
The rule for choosing 0001 or 1001 is the same as in

B3ZS.
END OF DETOUR

DS4and T-4

Even faster than DS-3 and T-3 is DS-4 and T-4, which
operates at 274.176 megabits per second, and carries
4032 voice channels (or equivalent data). But this sys-
tem has not achieved anywhere near the popularity of T-
1 and T-3. This is partially because there is no firm
standard to specify how equipment will be designed,
and so there is no “mid-span-meet” — it is not possible
to use equipment from two different vendors at opposite
ends of the same connection. Furthermore, such high
speeds require fiber rather than copper cables to achieve
any kind of distance, and SONET (which we will dis-
cuss in the next chapter) is a much more standardized,
versatile, and robust fiber optic network. Hence we will
ignore T-4 in this chapter aswell.

18-11



