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Summary

Information is useless if it is not in the right place at the right time.  The amount of information being moved over the “information superhighway” is continuing to increase at an exponential rate.  The media that has been installed, such as optical fibers, coaxial cable, radio, and even copper wires, can move information at speeds from megabits (copper wire) to terabits (optical fiber).  But people and companies do not need that much bandwidth all the time.  To use the bandwidth efficiently, it is necessary to have many, many users passing their information on a network.  An analogy would be an expressway.  It would be nice to have the highway all to one’s self but the costs would be extremely high.  By having many users on the highway, the cost per individual vehicle is much lower.  This chapter covers how the information that companies and individuals use is being efficiently transmitted.
Outcomes

This module will cover Time Division Multiplexing (TDM).  TDM technology allows many users to access a particular media simultaneously separated only by “time”.  At the end of this module, the student will be able to describe what a multiplexer does, the meaning of TDM, the concept of time slots, how synchronization is maintained between terminals, and the relationship between input and output lines in a system.  T1 lines, the most common example of TDM, as well as concentrators will also be covered.  The purpose is to learn the appropriate application of each and to understand the advantages and disadvantages of each type of device.
Objectives

Upon successful completion of this module the student will be able to:
· Describe what a multiplexer does.

· Describe a timeslot.

· Describe how the output line rate is related to the input line rates.

· Calculate bit rates, line rates, and bit duration time.

· Explain the importance of clocking in a digital system.

· Explain what TDM is, the characteristics of a TDM frame, and one of the inefficiencies found in a TDM system.

· Describe what a Statistical Multiplexer does.

· Compare and contrast a TDM versus a STATMUX.

· Describe a T1 in terms of input bit rates, output bit rate, frames, framing bits, and control and supervision bits.

· Describe the concept of bit robbing.

· Identify a T1 Superframe and describe what it provides to the service provider.

· Describe a T1 Extended Superframe and explain what it provides the service provider and the customer.

· Describe a 64 kb/s clear channel.

· Explain what AMI is, and why it is used.

· Explain the concept and reasons for BNZS.

· Explain what a concentrator does; compare and contrast it with a TDM multiplexer.

Prerequisites

Students should have read Chapter 4 of DigiPoints, Volume 1.

Length

2 – 2 ½ hours

Materials/Preparation for Instructor

· One workbook per student

· Visual Aids

· Instructor should read Chapter 4 of DigiPoints, Volume 1.
Supplies/Equipment

· Dry erase board with markers and eraser

· Easel flip chart

· Masking tape

· Pointing tool, e.g., laser or pointer

· Tent cards for students’ names

Audience

The intended audience will be mid- to senior-level technicians or other associates who are seeking an understanding of digital basics.

Module Outline

This is an introductory level module that will provide a review of the following topics:

Objectives
1
Time Division Multiplexing
2
Statistical Multiplexing
14
T1 Lines
18
Concentrators
29
Summary
30
Appendix
31


	
	Objectives
	

	refer to wb 4.1


	Review objectives for this module:
· Describe what a multiplexer does.

· Describe what a timeslot is.

· Describe how the output line rate is related to the input line rates.

· Calculate bit rates, line rates, and bit duration time.

· Explain the importance of clocking in a digital system.

· Explain what TDM is, the characteristics of a TDM frame, and one of the inefficiencies found in a TDM system.
· Describe what a Statistical Multiplexer does.

· Compare and contrast a TDM versus a STATMUX.

· Describe a T1 in terms of input bit rates, output bit rate, frames, framing bits, and control and supervision bits.

· Describe the concept of bit robbing.

· Identify a T1 Superframe and describe what it provides to the service provider.

· Describe a T1 Extended Superframe and explain what it provides the service provider and the customer.

· Describe a 64 kb/s clear channel.

· Explain what AMI is, and why it is used.

· Explain the concept and reasons for BNZS.

· Explain what a concentrator does; compare and contrast it with a TDM multiplexer.


	


	
	Time Division Multiplexing
	

	refer to wb 4.3
ask

ask
ASK

ASK

ask

aSK
	What are some examples of shared or community usage that save money?

Answer:

Air travel, buses, trains, highways

Communications Answers:
CATV bandwidth, shared telephone network, the internet, telephone switches, etc.

Why is this done?

Answer:

To save money.  Few can afford their own plane or train, let alone a national communications system.
Example:  Provide one coaxial cable to service hundreds of channels to thousands of users.  Customers do not have their own cable to headend.  Each network does not have its own cable to the customers.

How much bandwidth can a pair of copper wires carry?
Answer:

It is a function of distance, gauge, and equipment on the line itself.

The distribution plant was designed to carry 4 kHz.  This worked for 4.8 kb/s.

Newer equipment has the drop working at 38 kb/s and higher.  ISDN-prepared lines work at 144 kb/s.  xDSL technology is rated to operate up to 6Mb/s.  Inside building wire has been designed and rated to operate at fiber speeds of 155 Mb/s for short distances.

In other words, it depends.

How much bandwidth can a coaxial cable carry?

Answer:

There are 750 MHz systems in place that can carry hundreds of video channels.

What type of device can we use to efficiently use this bandwidth?  In other words, how can we get multiple channels or customers on one “big pipe”?
Answer:

Multiplexers work well.  This word comes from the Latin word “multi” meaning many, and “plex” meaning to mix.  To mix many

In Module 2, four types of modulation techniques were discussed.

What were the modulation techniques that were discussed in Module 2?

Answer:

FM, AM, Phase, Multibit


	Write on board

Student Answers

Write on board

Bandwidth

Twisted Copper

Write on board

Coax

Write on board

Multi-plex
To mix many

Write on board

FM, AM, Phase, Multibit

	
	· There are two basic types of multiplexers:
· Time Division Multiplexers
· Frequency Division Multiplexers
· Time Division Multiplexers are covered in this module.


	Write on board

TDM

	
	· The basic concept of multiplexing is the sharing of an output line with a number of input lines.
· Time Division Multiplexing does this sharing in the time domain.
· Each input line gets to use the output line for a specified period of time.

	

	REVIEW VA 4.1

REFER TO WB 4.4
	VA 4.1 is from Module 3.  It represents the first of three steps in converting an analog signal to a digital.

What are the steps in converting an analog signal to a digital signal?
Answer:

Sampling, quantizing, encoding
How often is a sample taken?

Answer:

At the Nyquist frequency which is twice the highest sinusoidal frequency of the analog signal.

How long does the sampling time last?

Answer:

It is “instantaneous”, lasting only long enough to obtain the amplitude at that point in time.

· With a 4000 Hz voice signal the sample rate, Nyquist Frequency, would be 8000 times per second.

· A sample is taken every 125 (sec.
· It does not take 125 (sec to take the sample.
· The earliest systems could take samples of 24 different conversations.

· Each conversation has its own timeslot.


	

	explain va 4.2

Refer to wb 4.5
ask

ask
	Mechanics of Time Division Multiplexing

Each timeslot can carry a different conversation.

· Mary & John’s call, Signal 1, could be assigned to Timeslot 1, and
· Fred’s call, Signal 2, could be assigned to Timeslot 2.

· Jamie’s call to the internet, Signal 3, could be assigned to Timeslot 3.

· Rhett’s fax to Tara could travel on Timeslot 4, etc.

What can be carried in these time slots?
Answer:

In our example, any voice grade signal: conversation, fax, modem connection, etc.

· TDM eliminates line contention between signals.
· Each input signal has the output line exclusively for the length of its allocated time.
· It has the Timeslot on the output line for its allotted time.
How many times per second would a voice grade signal have a Timeslot?
Answer:

8000 times per second.

· Each signal is private; the signals are in separate timeslots.

· Each user has the output line ONLY during their timeslot.
· The signals are following each other on the line.
· As long as they are separated in time, there is no cross talk or mixing of information.

· This is time domain signal separation.  It is possible to have multiple input signals using one output line.


	Write on board

Time Domain 

	
	So, how fast can a TDM system go?
Answer:

 Pretty  fast
· It depends on the electronics and the medium being used to carry the output.
· The length of the interval between samples of a given signal (such as 1/8000 or 125 (sec) can be divided into “N” sample increments.
· These increments are the length of sample time for each signal.
· The first systems could handle 24 samples in 1/8000 of a second.

· The output line rate for those systems was 24 times the rate of the input lines.
· The next generation of equipment could handle 48 samples in 1/8000 of a second.

· The output line rate is 48 times the input line rate.
· For “N” increments, the output line rate would be “N” x input rate.


	

	ASK

ASK
Refer to wb 4.6

ASK

ASK

ASK

ASK
	Restrictions:

· The product of N x input rate cannot exceed the output media’s inherent bandwidth.

· The hardware and software must be able to  do two things:

· Switch “N” inputs at the minimum sampling rate to capture ALL information.
· Recognize a single bit of information within the sample.

In Module 3, it was stated that 8,000 samples of the voice grade signal per second were required (Nyquist).
The PAM signal was output as a PCM signal.
How many bits did it require to encode the PAM sample?
Answer:

8 bits each sample.

If there are 8000 samples of 8 bits each, for a voice grade line, how many bits are transmitted each second?

Answer:

64,000 b/s =   8 bits/sample x 8000 samples/second

If 24 voice grade signals are being sampled, what is the output line rate in b/s?
Answer:

1,536,000 b/s =

64,000 x 24 = 8000 x 8 x 24

So, how many bits are in one cycle, that is, how many bits are being formed into a frame during each sampling cycle?

Answer:

In 1/8000 sec, which is one cycle, each of the 24 signals is sampled once.  Each PAM results in an 8 bit PCM signal.
24 signals x 8 bits/ signal = 192 bits

If one frame bit is added to every frame, how many bits per frame?

Answer:

192 + 1 = 193 bits/frame

What is the output line rate now?

Answer:

1,544,000 =
193 bits/frame x 8000 frames/sec


	Write on board

N x input rate<= output rate

Switch “N” times per time period

Identify bits in the sample

Write on board

8 bits

= 64,000 bits per sec

1,536,000 b/s

192 bits per frame
192 bits per frame

1,544,000 b/s

1.544 Mb/s

	
	1.544 Mb/s is the T1 line rate.

· For a situation where unshielded twisted copper pair is being used as the output medium,

· The maximum theoretical bandwidth for an 18,000 foot loop of 22 gauge copper is 100 Mbps.
· If each signal consisted of 64,000 b/s, then the maximum number of signals that could be transmitted is: > 1500 signals.

· 100,000,000/64,000 = 1562.5

· This copper better be clean and the electronics very good.

	

	explain va 4.3
refer to wb 4.7
ask

ask

ask

ask
	Rhetorical question:  How does this stuff work?
· At the top of VA 4.3 are 3 input devices on lines A, B, & C.
· For the time we are observing, samples 3 and 4 of each of these input lines are observed.
· These inputs can be any device:

· Telephone, computer modem, digital telephone, facsimile machine, etc.
· The devices can be sending different information that is coded differently and may even be working at different rates.
· It is necessary for the system sampling these inputs to take the inputs and convert them to the output bits at the appropriate rate and voltages required.
· This is done in the Control and Timing Unit (CTU).
· The “arrow”, S1, of the CTU points at “A”, which has the current timeslot allocation in this diagram.

· To the right of the diagram, reading right to left, are
· Samples A1, B1, C1 and samples A2, B2, and C2.
· These are the timeslots that the encoded samples occupy.
· There are also two “FR” blocks; these are the framing bit(s).
· The CTU is in the center of the diagram.

· The CTU is keeping track of the encoded PCM signal, and
· Placing it in the correct timeslot (position) in the frame.
· The timing function insures that the bits are in the correct place at the correct time.

· The clocking function makes it possible for the far end demultiplexer to read the incoming bits.
· Think of the clock as the bass drum in a marching band that keeps everyone in step.
Why is the clock important?

Answer:

To keep the bits in the right positions (timeslots), the correct duration, and enable the equipment at the far end to know when a timeslot is passing by so that the demultiplexer can read the 1s and 0s coming in.
What are the functions of the CTU?

Answer:

The CTU provides timing, and keeps track of the encoded PCM signal, and 

Places the bits in the correct timeslot (position) in the frame.
What is the purpose of the clock?  What does it do?

Answer:

The clocking function makes it possible for the far end demultiplexer to read the incoming bits.
It insures that the samples are taken at the correct time, and that the bits are inserted into the output frame in the correct location.

What is the relationship between the input and output line rates?

Answer:

The sum of the bit rates of the input lines must be less than or equal to the bit rate of the output line.
Input cannot exceed output.


	

	Explain VA 4.4

refer to wb 4.8
ask

Ask

ask
	Here are four frames each with four signals.  Each frame has a framing bit(s).

· The receiver stays in synchronization with the transmitter by being able to identify the framing bits.

· The framing bits are repeating a known pattern of 1s and 0s.
· The receiver is looking for that pattern.

· Once the receiver knows where the frame begins, it can count and therefore read the incoming information bits.

What is the difference between a framing bit and an information bit?

Hint:  What is the difference between a 1 and a 1?

Answer:

There is no difference.  A 1 is a 1 and a 0 is a 0.  That is why timing and placement are important.

How does the far end know when a frame begins?

Answer:

By sending a known pattern of 1s and 0s, the receiving end can identify the beginning of a frame.
· Since both systems operate with the same timing mechanism, once the start of a frame is known, bits can be read based on the basis that each bit has a known duration.
· The demultiplexer has to know only where the frame begins and then count.
· Since the known framing pattern of 1s and 0s is constantly being repeated, the receiver can stay in synchronization with the transmitter.

What prevents cross talk between the different messages?

Answer:

The information is separated in time.  The samples do not intermix.  Time domain separation.


	

	
	· All the time slots in this diagram are the same size.
· There are the same number of bits for each sample.
· The “A” sample always comes after the FR bit(s).
· A is followed by the “B” sample.
· B is followed by the “C” sample.
· Then a new frame begins; it starts with the framing bit(s).
· This system is called Synchronous TDM.
· Once a device has a timeslot (position), it retains that timeslot for the duration of the conversation/call.

· It retains this position even if it is not using it at a particular moment.  Thus, there are inefficiencies in the system too.  That is the sending of empty timeslots.

	

	ask
	Why would this technique be more efficient then using asynchronous transmission?

Answer:

Each frame has a framing bit(s) to indicate when the frame starts.  The frame contains multiple characters.  In an asynchronous system, each character would have to have start and stop bits.  
Thus, the synchronous system has less overhead for a given amount of information.


	

	Review
Refer to wb 4.20 Questions 1-5
ask

ask

ask

ask

aSK
	What function does a multiplexer perform?

Answer:

It takes multiple low-speed input lines and combines them into one high speed output line.

What is a timeslot?

Answer:

It is a unique place where a signal’s bits are placed.  The timeslot is not shared with other signals.  The time slot is unique to a particular signal for the duration of the call.

How is the output line rate related to the input line rates?

Answer:

The output line rate is equal to or greater than the sum of the input line rates.  For example, if there are 12 inputs each of 12,000 b/s, the output line rate must be at least 144,000 b/s.
(12 x 12,000 = 144,000)

What is the importance of clocking in a digital system?

Answer:

To keep both the transmitter and the receiver in sync.  Since there is no difference between 1 bits or 0 bits, the key for the receiver is to know when a bit is to be there and to know what the bit is by the bits position in the frame.

Timing is maintained by sending a known pattern or 1s and 0s in the framing bit(s) location.

Explain what TDM is, the characteristics of a TDM frame, and one of the inefficiencies found in a TDM system.

Answer:

TDM is Time Division Multiplexing.  It is a multiplexing technique that separates messages or signals by time.

Input signals are sampled at the Nyquist frequency and that PAM signal is turned into a PCM signal.

The bits of each PCM signal are built into a frame.  Each signal is assigned a timeslot in the frame for the duration of the call.

The frames are built, held in a buffer, and, have a framing bit added prior to transmission.

The framing bits are used to maintain synchronization.  This is done by having a known pattern of 1s and 0s in the framing bits.

The far end receiver recognizes this framing bit pattern and can read the bits in the frame based on their position in the frame.
	The students’ answers to the questions may not be complete; use the information here to insure the key points are brought out.

Write on board

Student responses 

Drawings may be appropriate


	
	Statistical Multiplexing
	

	Display VA 4.5

Refer to WB 4.9
ask

ask
	What was one of the limitations with synchronous TDM?
Answer:

The “waste” of timeslots when an input device is not sending information.  That is, when a connected input device is sending all zeros.

Synchronous TDMs can be set up to allow for variable rates.
· Consider the situation where a TDM is designed to handle four input devices.

· Device D is not on line.  No timeslot assigned to it.

· But, there are four timeslots per the design.
What is being carried in the idle timeslot?

Answer:

Zeros

· If input C, requires twice as much bandwidth as the other devices on the line, TWO SEQUENTIAL time slots can be assigned for each sampling cycle.

· This technique is called “complex scan process.”
· Not all systems can do this.


	

	Display va 4.6
refer to wb 4.10
Ask


	On average, 99% of the time the input lines are sending 0s.

What does this mean, what is the significance of it?

Answer:

It means that there is a lot of available bandwidth going to waste.  The objective is to recapture it for productive use.
	


	discuss va 4.7
refer to wb 4.11
ASK
ask

ask
	The statistical multiplexer was designed to make use of idle timeslots.
The principle is simple:
· Dynamically allocate timeslots based on NEED.
· If an Input is idle, it does not need a time slot.
· If another input has information to send, assign it the timeslot.
What does the STATMUX do that the TDM does not?

Answer:

It dynamically allocates timeslots based on need.

What is another name for the STATMUX?
Answer:

Asynchronous Time Division Multiplexer
What two things are needed to make this happen?

	Write on easel

STATMUX=

Asynchronous Time Division Multiplexer

	
	Buffers

· These hold the input bits, until the system is ready to transmit the bits.
· The buffer holds the input line data until a timeslot is available.

· This allows the STATMUX to determine if there is data to send.

· This determines if the input line is idle.

· It also determines how much data is waiting.


	

	
	Processing Power
· Needed to do the “looking” for data and timeslots and

· The “determining” which data will be assigned to which timeslot.


	

	ask

ask
	The STATMUX provides more efficient use of bandwidth on the output line.

What could be the disadvantages of a STATMUX?

Answers must include:

Delay is added to the transmission.

Overhead, extra bits are added in order to tell the far end what signal is in the timeslot being used.

Additional processing power is required.

$$$ cost more.
What are the advantages of using an Asynchronous TDM?

Answer:

More efficient use of bandwidth.
Fewer high-speed-lines needed

The sum of the input line rates is greater than the output line rate.

	Write on easel

Disadvantages

Advantages

(List student responses)

	
	Sophisticated STATMUXs can also do the following:

· Handle variable length timeslots

· Use coding and compression techniques that reduce the extra overhead bits
STATMUXs and Synchronous TDMs can multiplex at the BIT, BYTE, or MESSAGE level.
STATMUXs experience the following typical delays:
· BIT multiplexing – 2 to 3 bit delay

· Byte multiplexing -- about a 3 byte (or word) delay

· Message multiplexing – this can add up to 100 milliseconds of delay.


	Write the delay information on the easel.

	ask

ask
	A STATMUX can handle both synchronous and asynchronous input signals.

Which input signal, synchronous or asynchronous, would have priority and why?

Answer:

Synchronous signals would have priority.
This is required in order to keep the bits together in their frames.

Rule of thumb for inputs into STATMUXs:
· Limit the sum of the input to four times the output rate.
· This is to avoid excessive transmission delays or filled buffers that cannot accept more data.

What is the relationship of the output rate to the input rate for a synchronous TDM?
How does that compare with an asynchronous TDM?

Answer:

The output rate of a synchronous TDM is equal to the sum of the inputs.
The asynchronous TDM, STATMUX, should limit the total input rate so that it does not exceed four times the output line rate.

	

	Discuss VA 4.8
refer to wb 4.12
ASK
	Finally, what are the evaluation criteria for a STATMUX?
Answer:

Overall Operation

Buffer Management

Operations/Maintenance

When comparing models and vendors, up to a 50% variance in high-speed data transmission performance can be observed depending on the techniques (software) built into the system.
T1 Lines: The Best Known TDM
	Do not go into detail.  This VA provided as FYI

	explain va 4.9
refer to wb 4.13
ask
	When was T1 technology first implemented?
Answer:

This technology has been applied in the telephone industry since the late 1960s…30+ years.

As with most data communications technology, this one originated in the telephone industry.


	Write on board:

T1

30+ years 

	ask

ask

ask

ask


	What type of traffic or information was the first T1 systems designed to carry?
Answer:

Voice
Recall from Module 3, that the range for voice was 0 – 4,000 Hz.

How many bits were used to encode the PAM sample into a PCM signal?

Answer:

8 bits

What is the size of the T1 frame, how many bits in a frame?

Answer:

24 x 8 = 192 bits + 1 frame bit = 193 bits total

What is the bit rate of a T1?
What is the bit rate of each of the 24 channels?
Answer:

T1 rate is 193 b/f x 8000 f/s or 1,544,000 b/s

The rate for each channel is 8 x 8000 = 64,000 b/s
	This is a review

Write on board

24 voice channels

8 bit PCM

193 bits per frame

T1 rate is 1,544,000 b/s

The individual voice channels or time slots are 64,000 b/s

	
	The T1 has room to carry the customer’s information.
· It does not have space to carry information needed for signaling, monitoring, ringing, on hook, off hook, or line supervision.
· This is needed on a telephone system.
· When the T1s were used to carry information on trunks, lines between central offices, this was not a requirement.

· Moving the T1 to the subscriber loop put new demands on the system

The European standard, CEPT1, has 32 channels.
· Thirty Channels are used for carrying the message traffic.
· Two channels are dedicated to carrying signaling and line supervision information.
· Bit rate for this system is

64,000 bits/channel x 32 channels/sec = 
2.048 Mb/s


	

	ask
ASK
	Since there is no room allocated for signaling and line supervision on the T1; how might it be accomplished?

Answer:

Since there is not a separate channel to do this, a technique called “bit robbing” was developed.
Bits are robbed from the message traffic.
The logical bit to rob is the least significant bit.
The loss of this bit does not significantly change the quality of the voice being transmitted.
For example:

Consider 10110010 = 178
· If the last bit was used for something else, the variance in this number is only 1.
· If the measurement is in millivolts, we are off by only 1 mv.
· There are 8000 samples per second, and
· Since it can be only a 1 or 0, it does not make a difference on coded voice signals.
· So, it is an efficient way to handle voice service.

See any problems with this?
Answer:

Digital Data –  every bit MUST BE transmitted correctly.

Originally, the telephony network was built to handle voice.
Starting in the 1960s, data became a growing part of the traffic.
Initially, this data was converted into a voice grade signal via a modem (Module 2).
In the 1970s, even more digital data was being transmitted over the network.
All those little bits became significant, especially when money is being processed.

The T1 designers had two choices:

· Limit the samples to 7 bits, OR 

· Find a new way to transmit signaling and supervisory information.

Limiting the samples to 7 bits

· Does not significantly impact voice transmission.
· It does make for a smaller data channel, 56 kb/s vs. 64 kb/s.
· In the mid-70s an all digital service was introduced:
· DDS or Data Phone Digital Service, with rates of 2.4, 4.8. 9.6, and 56 kb/s.

What is bit robbing, why is it used, and what are the disadvantages of using it?

Answer:

Bit robbing is the technique of using a channel’s least significant bit to carry signaling and supervisory information.
It is used because the T1 systems developed in the 60s did not have a channel on which to carry this information.

The disadvantage is in the transmission of data.  ALL the bits are significant in data transmission.  Thus, the effective channel for data is only 56 kb/s and not 64 kb/s.


	Write on easel

Bit robbing

1011 0010 = 178

or

1011 0011 = 179

Write on board

$1000.00 or $100.00 or $10,000.00

	explain va 4.10
refer to wb 4.14
ask

ask
	The business community wanted all 64 kb/s channels.

Foreign markets using the CEPT1 standard offered the full 64 kb/s.
· Control and line supervision bits were carried on separate channels.

The solution in North America was the T1 Superframe.
· In this design, 12 standard 193 bit frames are grouped together into one superframe.
· In frames 6 and 12 the bit robbing of the least significant bit continues to occur.
· Frames 1-5 and 7-11, however, have 64 kb/s clear channel.
· This worked well for voice, since 10 of the 12 frames had all 8 bits on all 24 channels…better quality.
How big is a T1 superframe?

Answer:

193 bits/frame x 12 frames = 2316 bits

What is the problem for data now?
Answer:

In two out of 12 frames the least significant bits are still robbed. Thus, in frames 6 and 12, the least significant bits are still robbed from all the channels.
Data is still limited to 56 kb/s.
Instructor Note: It is important that the students understand this concept.
· Students must understand that the superframe consists of 12 regular frames…not 12 channels.
· ALL the channels in the 6th and 12th frame of the superframe have the “least significant bit” robbed.
· Since the input line is assigned to a channel for the duration of the call, 1/6 of the time the least significant bits are being robbed from that channel.
	Write on easel

CEPT 1   32 Channels @ 64 kb/s

30 message channels

2 control channels

Superframe = 2316 bits

	ask

ask

ask
	· The 6th and 12th frames in the superframe carry supervision and control data.

· How does the system know where these two frames are in a superframe?
· The framing bits are used in a unique way:

· The pattern for even number frame bits is: 001110

· The pattern for odd number frame bits is: 101010
· Combined, these 12 framing bits available in a superframe would appear as  100011011100.
· So, the odd number frame bits which provide synchronization are an alternating 1/0 pattern.

· The even number frame bits provide the information as to where the 6th and 12 frames are located.

· In other words, the framing bits of each frame in the superframe provide the information for
· Synchronization of the system and
· The location of the 6th and 12th frames

What is the advantage of having a superframe?

Answer:

It improves the quality of the voice signal because all 8 bits are being used ~85% of the time.  1/6 of the time, the least significant bit is being robbed.

Can it provide 64 kb/s clear channel service?

Answer:

No
What is significant about the 6th and 12th frame of a Superframe?

Answer:

In these frames the least significant bits from each channel or timeslot are being robbed.


	Write on easel

Even frame bit pattern: 001110

Odd frame bit pattern:  101010

So, the 12 bits in a superframe would appear as:

100011011100


	Give this background information
	AT&T Long Lines was “the long distance company” in this country for decades.
In the late 60s alternate long distance companies, such as MCI, Southern Pacific Communications (now SPRINT), and others were being formed.

· These companies needed to interconnect with the telephony network.
· Private companies, such as Ford, GM, Boeing, and others had worldwide operations that needed to be connected too.
· These companies wanted to know what was happening on their networks.
· The telephone company wanted to know too.
· Both sides wanted to be able to monitor and troubleshoot T1 lines WITHOUT taking systems out of service and without involving each other.

What was introduced to make this possible? The Extended Superframe or ESF.
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aSK
	· This is a big frame.  It consists of 24 – 193 bit frames.
· It looks like 2 superframes connected together.

· It consists of 4632 bits.
What was the driving force for the development of the T1 Extended Superframe (ESF)?

Answer:

Competition and customer demand for information

Bit robbing takes place in which frames?
Answer:

6, 12, 18, 24

What is the advantage of the ESF?  Does it give 64 kb/s clear channel?
Answer:

No, bits are robbed in the 6th, 12th, 18th, and 24th frame.

The advantage comes in the use of the framing bits.

Clear channel does not exist, but look what ESF allows:

· VA 4.12 shows what is happening to the framing bits of each 193 bit frame.

· The framing bits in the odd number frames carry monitoring and control functions.  These Message bits are known as the Facility Data Link.

· Synchronization, the clocking, is provided via a bit pattern in every 4th frame.  That pattern is 001011.
· The framing bits of frames 2, 6, 10, 14, 18, 22, are used to generate a pattern that checks for transmission errors.  This is called the CRC or Cyclical Redundancy Check.

· The signaling information is carried by the least significant bits of frames 6, 12, 18, & 24.

Note:
· The framing bits of frames 6 and 18 are used for CRC work.
· The framing bits of frames 12 and 24 are used for Synchronization.
· Signaling uses the least significant bits of all the time slots in frames 6, 12, 18, 24.
How can the signaling frames 6, 12, 18, & 24 also be used to carry CRC and synchronization information?  How can a bit be robbed twice?

Answer:

It does not rob a bit twice.
CRC and Synchronization use the framing bits from the 193 frames.

Signaling actually robs the least significant bits from each time slot in these four frames.
Thus, different sets of bits are being robbed.

What is the purpose of CRC?

Answer:

It provides a form of error checking.  It notifies the equipment if an ESF has errors in it.  It does not interrupt service.

What does the Facility Data Link do?

Answer:

The FDL carries message information to and from the end terminals.  These bits can be used to monitor and control the transmission facility.  It is non-service interrupting.  Also, it allows the service provider and customer to monitor the network.

Where is the framing sequence found?

Answer:

The framing pattern sequence uses the framing bits of frames 4, 8, 12, 16, 20, 24.

	Write on board 

Extend

Super

Frame      ESF

Write on board ESF has 24 framing bits.

Odd number frames = FDL

Synchronization every 4th frame used: 001011

CRC uses frame bits in frames

2, 6, 10, 14, 18, 22

Signaling:  Least Significant bits of 6, 12, 18, 24

	aSK
	How do we get 64 kb/s clear channel?

Not with SF or ESF

Answer:

A separate packet network, called SS7, provides clear channel transmissions.  This will be covered in a later module.
The European standard, CEPT1, has two channels devoted to providing this signaling information.  The other 30 channels are 64 kb/s clear channel.
The solution in North America is a separate out-of-band packet network that carries the signaling, call setup, and other call related information.
With the implementation of SS7, it was possible to stop robbing the “least significant bit” in the channels.


	Write on board  

SS7

Out-of-band

Packet

Carries signaling information. 
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	· The T1 standard specifies pulse density patterns as well as the voltage pulse itself.

· In Module 2 the PCM signal was shown as consisting of 1s and 0s.
· It would seem like a simple matter to define 1s as either a plus or minus voltage, and a 0 as zero voltage.
· That is not how it is done.

· 0s are represented by lack of voltage, that is, voltage = 0.
· 1s are represented by alternating plus (+) and minus (-) voltages.

· By doing this, the average voltage on any line approaches 0.
· ZERO is the desired voltage.
· The pulses shown do not take up the entire cycle, or time period, for the bit.
· Typically, the voltage is on for half of the expected duty cycle, or time period, allocated to the bit.

What is the average voltage on the T1 line?

Answer:

Average approaches 0 volts.

Why would it be desirable to have an average voltage = 0 on the line?

Answer:

With an average voltage of 0 on the line, the likelihood of interference between the different T1 spans approaches 0 also.

Clocking
· It is easy for the equipment to “see” and keep track of 1s.
· There is a pulse.
· It comes at regular intervals.
· The problem comes when there are too many zeros in a string.
· The system can lose timing.
· Imagine if two or more signals on sequential channels are idle.
· Boom, 16 0s. It can lose timing.  Why?  No pulses to count.

How does the system utilize the bits for timing?

Answer:

The receiving equipment “sees” the bits and counts them.  It can keep track and in time by counting ones.


	Write on board

+1 –1 +1 –1 –1 +1 = 0
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	If there are too many zeros, the receiver can lose framing.
· The T1 standard states that there can be no more than 15 consecutive zeros in the T1 bit stream.

· What happens when several consecutive channels are idle?  More than 15 zeros are being transmitted.

· A known pattern is substituted whenever the number of sequential zeros exceeds the limit.
· In T1, the number of zeros that cause this to happen are 8, thus, the line coding scheme name:  B8ZS.
What is the B8ZS scheme?
· When 8 zeros are given to the carrier by the customer,
· The carrier substitutes a known sequence of 1s and 0s.
· This pattern has a known AMI error:
· Two –1s in sequence with a 0 between them. 

· This 8 digit pattern is recognized by the receiving equipment as representing all 0s.
· The receiving equipment will decode it as such,
· Eight 0s, just like the customer gave to the carrier.

How many consecutive 0s can a T1 receiver tolerate before losing synchronization?

Answer:

Per the standard, 15.  In practice, the system is set up to make a substitution when 8 consecutive 0s are observed.

How does the B8ZS line code restriction work?

Answer:

The system spots 8 zeros on the input and substitutes a known error pattern that the receiving end will recognize and treat as all zeros.

The error pattern consists of 2 bi-polar violations in specific bit positions of a time slot.
	Write on board

No more than 15 consecutive 0s per the standard

B8ZS


	
	Concentrators
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	Concentrators originally operated with multiple inputs and one output line.
· Sounds like a multiplexer.
· The difference is that the concentrator’s output line speed was the same as the input line speed.
· All the input lines would be the same speed.
· Which ever input line needed the output line would be given access to that line for its transmission.
· The principle rested on the fact that most of the time the input line was not sending or receiving data.
·  To handle contention problems, the concentrator has buffers to hold data (like a statmux).
· The concentrator can also be configured to take asynchronous inputs and output on a synchronous line, thereby eliminating the asynchronous overhead characters.
· Concentrators can also be designed to have higher output rates then input rates.  (Again, this is like a multiplexer.)

· Concentrators can do data compression functions and error detection.

· VA 4.15 shows concentrators in line with multiplexers.
· Multiple concentrators are receiving input from their respective sources (perhaps terminals).
· The input devices access the output line of the concentrator.
· The output lines of the concentrators form the input lines to the multiplexer.
· The individual concentrators are assigned a channel on the multiplexer, and
· The combined signals go out.

What does a concentrator do?

Answer:

The basic concentrator has multiple inputs and one output.  The input line rates are the same as the output line rate.

· More advanced concentrators have more functionality, to include

· Doing data compression,
· Stripping asynchronous control characters off and using a synchronous output line, and
· Having an output line at a higher rate than any single input line.

What is the advantage of the arrangement shown in VA 4.15?

Answer:

The individual input lines to the concentrator are idle most of the time.
This arrangement increases the likelihood that something will be on the output line of the concentrator.
At least one of the devices should be transmitting at any time.
Since the output line of the concentrator is the input of the multiplexer, and we expect the concentrator output to be busy most of the time, then the inputs to the multiplexer are normally busy.

The inputs to the multiplexer are active.
This means fewer 0 bits, idle conditions, are experienced on the channels of the multiplexer.

Overall, it is a more efficient use of equipment and bandwidth.


	Write on easel

INPUT    0UTPUT
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	SUMMARY
	

	REFER to WB 4.20
	Have students answer the study questions at the end of Module 4.  Review the answers.
	Answers in Appendix


Appendix

Answers to the questions at end of student workbook.

1.
What function does a multiplexer perform?
It takes multiple low-speed input lines and combines them into one high speed output line.

2.
What is a timeslot?
It is a unique place where a signal’s bits are placed.  The timeslot is not shared with other signals.  The time slot is unique to a particular signal for the duration of the call.

3.
How is the output line rate related to the input line rates?
The output line rate is equal to or greater than the sum of the input line rates.  For example, if there are 12 inputs each of 12,000 b/s, the output line rate must be at least 144,000 b/s.

(12 x 12,000 = 144,000)

4.
What is the importance of clocking in a digital system?
To keep both the transmitter and the receiver in sync.  Since there is no difference between 1 bits or 0 bits, the key for the receiver is to know when a bit is to be there and to know what the bit is by the bits position in the frame.

Timing is maintained by sending a known pattern or 1s and 0s in the framing bit(s) location.

5.
Explain what TDM is, the characteristics of a TDM frame, and one of the inefficiencies found in a TDM system.
TDM is Time Division Multiplexing.  It is a multiplexing technique that separates messages or signals by time.  Input signals are sampled at the Nyquist frequency and that PAM signal is turned into a PCM signal.  The bits of each PCM signal are built into a frame.  Each signal is assigned a timeslot in the frame for the duration of the call.  The frames are built, held in a buffer, and, have a framing bit added prior to transmission.  The framing bits are used to maintain synchronization.  This is done by having a known pattern of 1s and 0s in the framing bits.  The far end receiver recognizes this framing bit pattern and can read the bits in the frame based on their position in the frame.

6.
Explain why a telephone party line is not multiplexing.

On a party line, only one party can use the output line at any given time.  The bandwidth of the output line is therefore constrained to the bandwidth of one voice conversation.  Privacy is non-existent and contention is a problem.

7.
Give the constraints on the amount of bandwidth that can be gained by multiplexing.

The product of N times the input channel bandwidth must not exceed the inherent bandwidth of the media being used to transmit information over the distance it is being transported.

The hardware and the software being used for multiplexing must be capable of switching N inputs at the minimum sampling rate needed to capture all information and recognize a single bit of information in the sample.

8.
What must be added to a time division multiplexer to make it a statistical multiplexer, and what is the function of this addition?

A buffer and additional processing capability must be added to a TDM to make it a statistical multiplexer.  The buffer stores data until it can be transmitted and provides a place where whatever is on the line can be examined to see if it is data needing a line, or empty space.  The additional processor capability is needed to control the placement of data into the available timeslots and for additional maintenance capabilities.

9.
What is the function of bit robbing in a T-1 frame?

Bit robbing provides a method of transmitting line signaling and supervision information using existing bandwidth.  It is accomplished by changing the use of the least significant bit in designated channels of the T-1 signal.  On those channels, only 7 of the 8 bits of the binary word are available for user information, and the 8th bit is used to carry the signaling or supervisory information. 

10.
In the T-1 Superframe, where are the signaling bits contained?
Those are the least significant bits of the timeslot bits in frames 6 and 12 of the Superframe.
11.
List what has been gained by going to the Superframe and the Extended Superframe.

The superframe format provides increased signal bandwidth for 10 of the 12 channels in the superframe by bit robbing in only the 6th and 12th channels of the superframe.

The extended superframe format provides improved maintenance capability through the introduction of a Facility Data Link and improved error detection through the introduction of a framing bit pattern called the Cyclical Redundancy Check (CRC).
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