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Abstract - In today’s fast paced world, though wireless communication is at its peak, wired communication has still not 
vanished. This is because of the security, reliability and speed it offers. In the present system of landline telephony, each 
phone is individually connected to the telephone exchange and data communication is analog. This paper proposes a bus 
network manner of connection of these phones wherein data communication is done digitally instead of traditional analog 
communication. This not only reduces the cost of wiring but also the cost of maintenance at telephone exchange where huge 
amount of money is spent annually on cooling systems. 
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I. INTRODUCTION 
 
Telecommunication network in the world is the 
largest in terms of the number of telephone users 
(both fixed and mobile phone) with 5.67 billion 
subscribers as of 2016 [1]. Today, although telephony 
is primarily digital,  the connection from the phone to 
the telephone exchange is analog. The proposal in 
this paper is to carry out this communication 
(between phone and exchange) digitally.  This is done 
by using Time Division Multiple Access (TDMA) 
and advanced compression techniques [2]. 
 
II. MOTIVATION 
 
For a landline phone to work, a dedicated pair of 
wires is connected from each phone up to the 
telephone exchange.  So, even if two telephones are 
situated side by side,  two separate wire cables must 
be running in parallel to the telephone exchange to 
provide the connection. This increases the number of 
wires and thus the cost. The motivation for this 
project lies in this redundancy. 
A typical telephone exchange has hundreds of wires 
flowing in, each carrying a DC current up to I = 20 
mA. A twisted pair cable offers a characteristic 
impedance of R ≈ 279 Ω. Thus, the power dissipated 
is I2R = 111 mW. As of 2016, there were 1.06 billion 
landline subscribers, meaning 1.06 billion wires [3]. 
The power amounts to 117.66 MW which is simply 
dissipated in the form of heat. Not only does this lead 
to wastage of power but also wastage of money in the 
form of cooling systems employed at every telephone 
exchange. Also, for telephones that are nearby, a 
large amount of installation cost is contributed by the 
wiring. 
The proposed system modifies the wiring 
configuration and reduces redundancy thereby 
decreasing wiring installation cost. Neglecting the 
wiring between any two phones, if 30 phones are 
connected in bus manner, the dissipated power is 1/30 

of earlier value. Thus, heat dissipation reduces 
significantly. 
 
III. SINGLE CHANNEL 
TELECOMMUNICATION PHONES 
 
In the present system, each telephone is individually 
connected to the telephone exchange. This paper 
proposes a bus network manner of connection of 
these phones as shown in Fig. 1. The four phones are 
connected in a bus configuration. The last phone is 
connected to the Network Supervisor (NS) which is 
in turn connected to the telephone exchange. 
 
The Network Supervisor is responsible for channel 
access. It controls the flow of data on the channel. 
Also, the communication is no longer analog but it is 
digital. Thus every phone must have a voice encoder 
(vocoder) that digitalises the voice and a 
microcontroller that forwards these voice packets to 
the appropriate destination. 
 

 
Fig. 1: Single channel wired communication phones system 

 
The implementation can be divided into two parts: 
controller-controller interface and vocoder-controller 
interface.  
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Fig. 2: Phone interface 

 
2.1 Controller-Controller Interface 
The microcontroller used in this interface is 
ATmega8A. The Two Wire Interface (TWI) protocol 
is used for controller-controller communication [4]. It 
is a half duplex serial transmission protocol. In this 
paper, TWI has been used in a single master mode. 
The commands for sending and receiving data are 
issued by the Master device, which is the network 
supervisor while the Slave devices (the phones) 
respond to these commands. To reduce error, 
acknowledgement (ACK) signal is sent after every 
transfer. TWI allows up-to 128 devices to be 
connected in a bus network. 
 
2.2 Vocoder- Controller Interface 
The vocoder utilized in this interface is CMX 638. It 
is connected to the controller via the Serial Peripheral 
Interface (SPI) [5]. The vocoder is configured for a 
frame length of 20 ms and bit rate of 2050 bps. 
 
A 20 ms vocoder frame consists of 41 bits. Thus, a 
single frame is transferred between the device and the 
host as 6 bytes. Since bit rate is 2050 bps, the clock 
frequency (SCL) is taken roughly ten times, that is, 
20 kHz. After encode command is given, the encoded 
frames will be available after 40 ms for the first 
frame, and after every 20 ms for subsequent frames 
[6]. 
 
III. ALGORITHM 
 
The network supervisor polls every phone (referred 
as slave phone) one by one and requests it to send 
encoded packets. The slave phone, depending upon 
the type of request, either sends its encoded packets 
or becomes ready to receive them. This is executed 
using the following algorithm. 
1) Network Supervisor (NS): 
Execute infinitely: 

1. Poll the first slave phone. 
2. Get data from it. 
3. Send data to intended recipient. 
4. Repeat 1, 2, and 3 for all slaves in order. 

2) Slave Phone: 
1. Set own address. 
2. Configure vocoder. 
3. Give encode command to vocoder. 

4. Execute infinitely: 
i. If polled by NS, and instructed to act as 

Transmitter, send encoded packets to NS. 
ii. If instructed by NS to act as Receiver, receive 

encoded packets from NS, give Decode 
command to decoder 

 
IV. RESULTS AND PERFORMANCE 
EVALUATION 
 
When a phone is powered on, the controllers in each 
phone initialize the vocoder IC. When a user speaks 
into a phone, the voice signal is compressed by the 
vocoder. Consider a span of  1 s. The IC takes five 
samples of 20 ms each and compresses them into 6 x 
5 = 30 bytes of data. This compressed data is stored 
in the controller. 
 
The network supervisor polls each phone. Upon being 
polled, the controller associated with the phone sends 
this stored data at a higher data rate, 20 kHz, to the 
supervisor. The 1 s (30 bytes) voice sample reaches 
the supervisor in 12 ms (i.e., 30 x 8 / 20000). The first 
byte in the data packet consists of the physical 
address of the destination phone. The network 
supervisor uses this address to transmit the packets to 
the desired phone. This requires an additional 12 ms. 
Thus, the total time required for transmission is 24 
ms. Leaving some guard space of 6 ms, up to 33 users 
can be accommodated within the same 1 s time slot. 
At the destination phone, the received packet is sent 
to the vocoder for decoding. 
 
Thus, if 33 nearby users are connected in a bus 
network, the dissipated power becomes 1/33 of its 
earlier value leading to power saving of up to 30%. 
Fig. 3 shows hardware implementation of the 
controller-controller interface, in which two calls are 
in progress simultaneously. Each Printed Circuit 
Board (PCB) represents a phone. When powered on, 
the phones exchange data which is displayed on the 
LEDs. 
 

 
Fig. 3:Controller-controller hardware interface 
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CONCLUSION AND FUTURE SCOPE 
  
In this paper, a method for optimization of wiring of 
telephone networks has been proposed. The hardware 
realisation indicates that the method is practically 
implementable with upto 33 users being 
accommodated on a single channel. Real time 
implementation of the proposed system in our 
organization is also being planned. 
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