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Telegraph & Original Telephone 
Connectivity – Dedicated Links 

(N * (N – 1)) / 2 dedicated links for full connectivity     
     

O (N2) 

Full Spectrum 
Availability 
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Telephone Scalability Improvements 

Central  
Switch 

Central Switch provides logical circuits that create 
dedicated links for the duration of a call. 
 

Circuit Switching = connection either fails or else all 
required resources are reserved and dedicated end-to-
end at call establishment for the duration of that call. 
 

Central switch handles potential congestion issues. For 
example: 
• Only one pair can use system at a time (early tiny 

systems only) 
• Frequency Division Multiplexing (FDM; Divide 

transmission media into frequency channels and 
assign a circuit to a specific frequency channel for 
analog systems) 

• Time Division Multiplexing (TDM; assign a circuit to a 
specific time slot for digital systems)  

 
Spectrum filtering is used to limit signals to a specific 
frequency range in order to efficiently convey multiple 
circuits across a single, finite transmission medium (wire, 
wireless).  
 

O(N) 
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Circuit switching: FDM versus TDM 

FDM 

frequency 

time 
TDM 

frequency 

time 

4 users 

Example: 

1-4 

Copied from:  Computer Networking: A 
Top Down Approach; 6th edition; 
Jim Kurose, Keith Ross 



(a)Fully interconnected network. (b)Centralized switch. (c)Two-level 
hierarchy. 

Scaling Evolution 
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Spectrum Filtering 
• Telephones filter speech to a predetermined (standard) 

frequency range 
• Filters set at 200 to 3400 Hz* 

– Filter drift can happen  

• Normal human hearing range: ~20 – 20,000 Hz 
• Information within human speech signals:  100 to 12,000 

Hz 
– Speech Spectrograms (see 

https://home.cc.umanitoba.ca/~robh/howto.html) 
– Nasals (m, n, ng) at the low frequencies and sibilants (s, z, sh, 

zh) at the high frequencies are filtered out for the vast 
majority of speakers 
• Human brain compensates for the absent signals 
• This is why it is often difficult to understand foreign languages over 

the telephone  
 

* I’ve encountered a variety of values for the filter settings. When I worked on Speech and Voice Recognition 
technologies at AT&T Bell Laboratories, I was told that they were set at 200 to 3400 Hz. The authoritative 
Engineering and Operations in the Bell System book said they are set at 200 to 3500 Hz (1982, page 194). 
Other sources may report slightly different numbers . For example, our textbook says on page 147 that the 
filters are set at 300 Hz and 3400 Hz. 
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The electromagnetic spectrum and its uses for communication. 

Background:  Electromagnetic Spectrum 
In terms of frequency (Hz) 

Human 
Hearing Human 

Vision 
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Source: https://sites.google.com/site/chempendix/_/rsrc/1472843490283/em-spectrum/SL_EMspectrum.jpg 

Background:  Electromagnetic Spectrum 
In terms of wavelength 
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Analog and Digital Signals 
• Real world (i.e., human-sensory (e.g., speech, hearing, vision)) signals are 

analog waveforms 
– Sine wave is an analog waveform operating at a single frequency 
– Frequencies are measured in cycles per second (Hertz (Hz)) 

• For example, household electric current in the USA is a sine wave having a frequency of 
60 Hz (some other countries alternatively use 50 Hz) 

– Waveforms can be simple (e.g., sine wave) or complex 

• In contrast, Digital Computers process signals in a digital format 
• Therefore, signals need to be converted from an analog to a digital 

format for the computer to process and then back to an analog format 
for a human to sense 

• Transmission media (e.g., wire, wireless) agnostically can convey signals in 
either an analog or a digital format; Implementation is binary (one or the other) 

– Telephone system slowly migrated over several decades from a purely analog 
system into a digital system (except for the local loop) as increasingly more 
parts of the system became computerized 

– Transition from copper (electrical) to fiber (optical) transmission media 

• Key Data Comm Question: Is the transmission system (for the implementation 
you are interested in) using Analog or Digital Technology? 
– Either could be used but there are significant implementation differences 
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Nyquist Sampling Theorem 

• Bandwidth limited analog signals can be 
converted into digital signals (and vice-versa) 
using the Nyquist Sampling Theorem 

– Sample a bandwidth limited signal at twice its 
maximum frequency to be able to accurately re-
constitute the signal 

 

AT&T 1977 volume 1 page 211-212:  “If a baseband analog signal is sampled (that is, if 
instantaneous measures of a signal amplitude are taken) at a rate rapid enough so that at least 
two samples are taken during the course of the period corresponding to the highest significant 
baseband signal frequency, then the samples uniquely determine the signal, and the signal may 
be reconstructed (demodulated) from the samples without distortion.”  
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Initial Transition to a Digital Telephony 
Backbone 
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Central  
Switch 

Central  
Switch 

Digital Systems 
To Be Described Later CODEC CODEC 

Local  
Loop 

Local  
Loop 

Old Fashioned 
(i.e., analog tech) 

Local Office 

Modern 
Local Office 

(i.e., computers using 
digital tech) 

 

CODEC = Coder-Decoder – this is where Analog-Digital 
conversion happens (and vice-versa) using the Nyquist Theorem 

Analog Analog 

This millennia all-digital systems (i.e., the local loop is also digital) now exist.  
However, most residences still have analog local loops today. 

Examples of Digital Telephony Switches include 4ESS and 5ESS. 
 



Pulse Code Modulation (PCM) 
• Analog signals are digitized in the end office by a codec (coder-decoder) 
• PCM – codec does 8000 samples/second at 125 microsecond intervals 

to capture all of the information within a 4 kHz (4000 Hz) telephone 
channel. 
– Two step encoding process: 

1. Quantized – replaces the exact analog amplitude of sample with nearest value 
from a limited set of amplitudes 

2. Encoded – 256 quantizing levels are encoded into 8 bits per sample 
– 8000 samples/second * 8 bits/sample = 64 Kbps 

– PCM (regularly spaced quantizing values)  
– Mu-Law PCM (logarithmic scale quantizing values = finer granularity within 

the middle frequencies; wider granularity at the extremes) 

• Very Important Question: If speech signals are filtered at 200 to 3400 
Hz and if the max frequency is either 3400 or 3500 Hz, why are they 
being sampled as if they were 4000 Hz? 
– Real reason:  Difference between physics and engineering 
– Technical reason:  “1 kHz guard band over which filter attenuation may 

attain a high value” (8000 samples – (2 samples/Hz * 3500 Hz) = 1000 ; see page 215 of Engineering and Operations in 
the Bell System) 
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PCM (2) 

13 

Example to the left shows 
PCM Sampling and quantization  
of a signal (red) for 4-bit LPCM  
(Linear Pulse Code Modulation) example. 
 
LPCM is used for compact discs as well as 
the DVD and Blu-ray standards. 
 
By contrast, telephones use 8-bit mu-law  
PCM, which quantizes using a logarithmic  
scale to increase the signal-to-noise 
ratio (SNR) by reducing the quantization 
error. 

Source: https://en.wikipedia.org/wiki/Pulse-code_modulation  

Question: Can you identify specific quantization error instances in the above LPCM example? 
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Nyquist Interval 
• A baseband signal bandlimited to fm is completely specified 

by the amplitude of its samples spaced in time 
T = [ 1/2 fm] 

• Analog signals in telephony are bandlimited to 4 kHz. They 
therefore require a sampling interval (called the Nyquist 
interval) of 125 microseconds if continuous speech 
(without distortion or jitter) is to be preserved. 
– Note:  .000125 second * 8000 samples = 1 second of sampled 

speech  signals 
– Therefore, the corresponding data rate is .000125 second * 

8000 samples * 8 bits/sample = 64 Kbps 

• Virtually all time intervals within the telephone system are 
multiples of 125 microseconds 

– This is the Time Division Multiplexing (TDM) rate 
– The entire telephony system was designed to ensure that 

speech samples are conveyed at the required Nyquist Interval 
rate so that speech would be received without jitter. 
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Telephone Switching Hierarchy 
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Figure 4-4 
Page 108 
Engineering 
and Operations 
in the Bell 
System, 1982 

Toll Connecting 

Toll Connecting 
Toll Connecting 

“Local Loop” DS-0 (64 Kbps)  

Tr
u

n
k 

lin
e

s 
= 

TD
M

 m
u

lt
ip

le
s 

 (
n

ex
t 

sl
id

e
s)

 

15 



A typical circuit route for a long-distance call. 
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Digital Transmission Hierarchy 

 

Called Telephony or T-Networks 

This is Copper network  

64-kb/s circuits are multiplexed 

into higher-bit-rate formats  TDM 

DS-0 
Local Loops 
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More about Data Rates 

• Local loop user data is 64 Kbps 
• 8000 samples/second * 8 bit/sample = 64,000 bps 

• A T1 TDM multiplexes 24 64 Kbps circuits into a 
single trunk line. The T1 line rate is 1.544 Mbps.  

• How much of the T1’s 1.544 Mbps is user data 
and how much is signaling overhead? 
– User data 8000 samples/second * 8 bit/sample * 

24 local loop circuits = 1,536,000 bps of data 

– 1,544,000 – 1,536,000 =  800 bps of protocol 
overhead in a T1 
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SONET/SDH Bandwidths  
SONET is the TDM (Fiber-) Optic Network standard for USA; called SDH in the rest of the world 

SONET Optical Carrier 
Level 

SONET Frame Format 
SDH level and Frame 
Format 

Payload bandwidth 
(kbps) 

Line Rate (kbps) 

OC-1 STS-1 STM-0 50,112 51,840 

OC-3 STS-3 STM-1 150,336 155,520 

OC-12 STS-12 STM-4 601,344 622,080 

OC-24 STS-24 – 1,202,688 1,244,160 

OC-48 STS-48 STM-16 2,405,376 2,488,320 

OC-192 STS-192 STM-64 9,621,504 9,953,280 

OC-768 STS-768 STM-256 38,486,016 39,813,120 

OC-3072 STS-3072 STM-1024 153,944,064 159,252,480 

De-facto standard for today’s fiber backhaul trunk lines 
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The relationship of LATAs, LECs, and IXCs. All the circles are LEC switching 
offices. Each hexagon belongs to the IXC whose number is in it. 
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(a) Cable television. (b) The fixed telephone system. 
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The use of both analog and digital transmission for a computer-to-
computer call. Conversion is done by the modems and codecs. 
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