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Abstract— IP Phone is a Voice over Internet Protocol (VoIP) device that can transmit voice using IP. From communication between IP 
Phones there are waveforms of input and output information signals, the response of voice amplitude to changes in voice frequency and 
delay value from time shift at the beginning of the wave period of the input and output information signal using the Transmission Test 
Set and Oscilloscope measuring instruments to determine the character of the sound quality in communication between IP Phones 
according to the parameter test results. The system test results are that the waveform of the input and output information signal at the 
sound frequency has a sine wave shape. However, the output waveform of IP Phone A with a frequency of 300Hz to 1100Hz and IP 
Phone B with a frequency of 300Hz to 1300Hz is distorted, then from the results of the Peak to Peak wave is known to have a voltage 
gain, that is, the greater the frequency value at the input, the smaller the value of the resulting voltage gain. 
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I. INTRODUCTION 

Voice over Internet Protocol (VoIP) is a technology that 
makes internet media to be able to perform direct long-distance 
voice communication. VoIP technology has many advantages, 
one of which is lower costs compared to cell phone tariffs [1]-
[4]. From a survey result of network usage in companies based 
on the features used, teleconference activities via VoIP are still 
used in companies with 13.54%. This indicates that the use of 
VoIP in companies is still in demand [5]-[8]. 

IP Phone is one of the telephone terminals in Voice over IP 
(VoIP) that can transmit voice using internet protocol (IP). IP 
Phone is used to carry out the communication process in a 
building or institution, in contrast to the Analog Phone used by 
people in everyday life [9]-[13]. Over time, various IP Phones 
continue to appear with competitive prices in the homeland 
electronics market. This raises a question regarding how the 
comparison of IP Phone voice quality presented by these 
various types, considering that voice quality in 
telecommunications is very influential. Voice quality in a 
telecommunication device is a significant factor, and if a device 
has poor sound quality, it can cause misunderstandings during 
telecommunication [14]. 

Research on the comparison of voice quality using 
measuring tools in communication between IP Phones is still 
rarely done. This study will analyze how the character of voice 
quality in communication between IP Phones uses the 
Transmission Test Set and Oscilloscope measuring instruments. 
The parameters used in this study include the waveform, the 
response of the sound amplitude to the sound frequency and the 
delay of the time shift at the beginning of the wave period of 
the input and output information signal. The TBS1022 series 

Oscilloscope and Transmission Test Set model 3551A are used 
to test the system [15][16][17]. 

 
II. SYSTEM MODEL  

The type of research used is quantitative research based on 
parameter tests. Two different types of devices observed input 
and output information waveforms, sound amplitude response 
to changes in sound frequency and delay value. 

Two system design models are used in this study; first, 
communication is carried out using IP Phone type A as the 
sending side with testing on the microphone and IP Phone type 
B as the receiving side with testing on the speakers. 

Fig. 1 and Fig. 2 are the sound quality testing system 
planning. The difference lies in the type of IP Phone used on 
the sending and receiving sides. 

The microphone (TX) test is carried out on the sending side, 
and the speaker (Rx) test is performed on the receiving side. 

Before communicating, the IP Phone is configured with the 
IP PBX server by opening the server IP address, and then 
several extension numbers will be displayed that the IP Phone 
can use to communicate. The selected extension number is used 
as the identity of the IP Phone device in communicating. 

Then the IP Phone is connected to a switch already 
connected to the intranet network using an RJ45 connector 
cable so that the IP Phone gets an IP address to register with 
the server. When the IP Phone has successfully registered the 
extension number on the server, the IP Phone can be used for 
communication. 
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Fig. 1. The proposed system model 

 
Fig. 2. The proposed experiment measurement 

The next stage is sending IP Phone calls to the receiving IP 
Phone using the extension number that was previously 
registered. When the recipient's IP Phone has picked up the call 
(on-hook condition), the two IP Phones are connected with a 
rosette. The connection uses an RJ11 cable on the rosette port 
and an RJ9 cable on the handset port of both types of IP Phones. 
Each type of IP Phone has a different layout of the microphone 
and speaker on the rosette, which will be connected to the 

Transmission Test Set, so check the rosette using a multimeter 
to determine the layout of the microphone used for the sending 
side and the speaker used for the receiving side on the rosette. 

After knowing the layout of the microphone as the sender 
and the speaker as the receiver, the Transmission Test Set and 
the Oscilloscope are connected to a rosette so that system 
testing can be carried out. 

In the Transmission Test Set, the sound frequency is 
changed from 300Hz to 3400Hz as the input frequency and set 
the amplitude value of -23.5 dBm as a fixed amplitude input 
value. The results displayed on the Transmission Test Set are 
the input and output frequency values and the input and output 
sound amplitude values. 

On the oscilloscope, there are two channels used in testing. 
Channel 1 is connected to the rosette on the microphone side 
of the sending IP Phone, while channel two is connected to the 
rosette on the speaker side of the receiving IP Phone. The 
results displayed on the oscilloscope are the input and output 
frequency values, input and output waveforms, peak to peak 
input and output waves and time shifts at the beginning of the 
input and output information signal wave periods. 

 

 
Figure 3. Layout of Microphone Testing and Type A IP Phone Speakers in 

Rosette 

 
Figure 4. Layout of Microphone Testing and Type B IP Phone Speakers in 

Rosette 
 

III. RESULTS AND DISCUSSION 
This section describes the experimental results of the 

proposed system and discusses the results of each parameter 
that has been carried out. 

A. Input and output waveform comparison 

The test results of the waveform parameters of the 
information signal at the input and output when communication 
occurs between IP Phones are obtained from the Oscilloscope 
in the form of an information signal waveform on the sending 
and receiving sides with peak to peak values for each waveform. 
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TABLE I 
SAMPLE DATA FORM OF INFORMATION WAVES 

FREQUENCY 300HZ AND 3400HZ ON IP PHONE TYPE A AND 

IP PHONE TYPE B 

No 
Freq. 

(Hz) 

Information Signal Waveform (Pk-Pk) 

Sent Received 

IP Phone type A as sender and IP Phone type B as 

receiver 

1 300  

Figure 5. Information 

Signal Waveform Input 

Frequency 300Hz (IP 

Phone Type A – IP 

Phone Type B) 

 

Figure 6. Information 

Signal Waveform Output 

Frequency 300 Hz (IP 

Phone Type A – IP 

Phone Type B) 

2 3400  

Figure 7. Signal 

Waveform Input 

Frequency 3400Hz (IP 

Phone Type A – IP 

Phone Type B) 

 

Figure 8. Information 

Signal Waveform Output 

Frequency 3400Hz (IP 

Phone Type A – IP 

Phone Type B) 

 

B. Response of Sound Amplitude to Changes in Sound 
Frequency. 

The results of the response value of the sound amplitude to 
changes in the sound frequency, from the Transmission in the 
frequency range of 300Hz to 3400Hz and the limit of the input 
amplitude value of -23.5dBm. The input and output sound 
amplitude values will be displayed on the Transmission Test 
Set. 

 
Figure 9. Graph of Amplitude Value Results Against Frequency Changes 

In IP Phone type A, the largest amplitude value is at a 
frequency of 300Hz with a value of -9.7 dBm, while the 
smallest amplitude value is located at a frequency of 1200Hz 
with a value of -18.9 dBm. While on IP Phone type B, the 
largest amplitude is located at 500Hz and 600Hz with an 
amplitude value of -0.1 dBm, while the smallest amplitude 
value is located at a frequency of 3400Hz with an amplitude 
value of -7.3 dBm. 

From the results of the amplitude response test to changes in 
frequency and is accompanied by a calculation of the power 
gain using the formula: 

Power Amplification (dB) = ��������� −  �������� 

It is stated that IP Phone type A has a lower amplification 
value than IP Phone type B on the reception side. The gain on 
IP Phone type A ranges from 13.79 dB to 11.9 dB, while the 
gain on IP Phone type B ranges from 21.5dB to 16.2 dB. 

  

C. Delay Value for Each Change in Sound Frequency 

The results of the delay value test of the time shift at the 

beginning of the wave period of the input and output 

information signal at each change in the sound frequency from 

300Hz to 3400Hz. 

 
Figure 10. Graph of Delay Value Results Against Changes in Frequency 

The results of the measurement and calculation of the delay 
parameter from the time shift at the beginning of the input and 
output, also output information signal wave period on IP Phone 
type B as the receiver has the largest delay value of 1.6 ms at a 
frequency of 300Hz, while the smallest delay value is 0.04 ms 
at a frequency of 1800 Hz. Furthermore, IP Phone type A as 
the receiver has the largest delay value of 0.48 ms at a 
frequency of 700Hz, while the smallest delay value is 0.16 ms 
at 3200 Hz. 

The test data results show that the frequency of 300Hz to 
3400Hz has a delay value of less than 150ms, both in 
communication from IP Phone type A to IP Phone type B and 
vice versa. Referring to the TIPHON standard issued by ETSI 
TR 101 329 V2.1.1 regarding "General aspects of Quality of 
Service (QoS)", the delay value of less than 150 ms is included 
in the excellent category with an index value of 4, meaning that 
in communication between two types of IP The phone already 
has a delay value that meets the standard in the excellent 
category. 
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IV. CONCLUSION 

From the results of research and discussion of the system 
that has been tested, it is concluded that the test results of the 
input and output information signal waveforms show that both 
types of IP Phones have a sine wave shape on the input side, 
but on the output side on IP Phone type A the frequency is 
300Hz to 1100Hz. Moreover, IP Phone type B frequency 
300Hz to 1300Hz has noise, so it does not form a complete sine. 
The amplitude response value to changes in sound frequency 
has the highest amplitude value of -9.7 dBm on IP Phone type 
A and -0.1 dBm on IP Phone type B; from the calculation of 
decibels, the gain on IP Phone A tends to be small at a 
frequency of 300Hz to 1200Hz and at the frequency of 1300Hz 
to 3400Hz tends to be large, while on IP Phone B the gain value 
tends to decrease when the frequency value increases. The 
delay value of the difference in input and output waves on IP 
Phone type A and IP Phone type B has a delay value of <150ms 
with the highest delay value on IP Phone type A 0.48 ms and 
the highest delay value on IP Phone type B 1.6 ms. 
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