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Telephone Caller ID AFSK Generator 

1 Introduction 
 

This development is used for testing telephone caller ID systems. It is a JavaScript application embedded 
in an HTML page for running on a PC with a Firefox or similar web browser installed. It simulates the 

audio signal data which is sent during a call attempt 
from the exchange to the target telephone and which 
may include the caller number, the caller name, 
messages waiting etc. It supports the common MDMF 
and the older SDMF formats which are audio encoded 
using AFSK and is for use in POTS/PSTN networks. It 
does not support DTMF or other signaling methods like 
interrupted dial tone etc. It is simple to use. Just enter 
the details to be transmitted to the device under test, 
generate a hexadecimal representation of the data to 
be sent, then a binary representation, editing these if 
required, and then send the data as an audio stream. 
The user can optionally create an audio file of the data 
stream. The device under test can be connected 

electrically to the device under test (for example via a PC sound card or speaker headphone socket) or 
simple audio coupling if the device has a microphone.  Please note: DO NOT MAKE ANY DIRECT 
CONNECTION BETWEEN A PC AND A LIVE TELEPHONE LINE for which the ring voltage may exceed 90 
volts AC. 

 

Acknowledgements: 

This development is based on an audio core by github user NeoCat 

 

General disclaimer: 

1. Before connecting anything, including this application or any other device to your telephone 
network, be sure that doing so does not conflict with any local requirements or 
requirements of your telephone service provider regarding construction, materials, 
electrical safety, emission of electromagnetic radiation, certification or other such matters. 

2. This application has been tested only in a Swiss network. Although the standards are in 
principle international, there may be differences which may impact the correct functioning 
in other environments. 
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3 Abbreviations 
AFSK    Audio Frequency Shift Keying 

Bit Stuffing In this application, adding additional mark bits following a stop bit (pause) 

CLIP  Caller Line Information Presentation 

DTMF  Dual Tone Multiple Frequency. A signaling system. 

E164  Telephone number representation e.g. +442071838750 

ETSI  European Telecommunications Standards Institute 

Hex  Hexadecimal (base 16) representation 

HTML  Hyper Text Markup Language 

LSB  Least Significant Bit  

Mark  A binary 1 bit low frequency in this implementation 

MDMF  Multiple Data Message Format 

MSB  Most significant bit order 

PC  Personal computer 

POTS  Plain Old Telephone Service 

PSTN   Public Switched Telephone Network 

SDMF  Single Data Message Format  

Space  A binary 0 bit high frequency in this implementation 

 

 

4 Usage Instructions 
 

4.1 Connection to device under test 
Audio coupling / Electrical Coupling 

 

 
 

The device under test may have a standard RJ11 
connector with 2, 4 or 6 connectors. Usually the 
middle two connectors are relevant for this test and 
these are typically colour coded red and green as in 
the illustration. About 300 mV is typical for signaling. 
Ring voltage can, however, be around 90 V RMS.  
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PC external speakers or sound card may have a 3.5mm 
jack socket. The sound card output will be of line level 
(typically 400mV into a 600 ohm impedance load). The 
headphone socket of PC speakers a will provide a 
considerably higher power (say up to 5 volts into a 32 
ohms) 

 

A 3.5mm jack plug has is wired so. Since the java script 
audio application produces a stereo output, it 
necessary to connect only one of the channels plus 
ground. 

 

 

4.2 Using the Java Script Application 
 

Simply open the supplied HTML file in Firefox or similar browser, enter the desired details then press the 
buttons to generate and send the audio data stream.  This has been tested with Firefox Quantum 64.0.2 
(current at 12. Jan 2019). It appears to work (apart from the audio data file download feature) with 
Google Chrome Version 71.0.3578.98 and Microsoft Edge 42.17134.1.0 

4.2.1 Field Description 
The 2 screen shots below illustrate the main data that can be entered the chief differences being 
between call data and message waiting data. 

 

Figure 4-1 
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Figure 4-2 

 

Modulation:  This can be either ITU v32 or Bell 202. The main differences between these are the 
frequencies of the Mark (binary 1) and the Space (binary 0) by which the data is audio encoded. For ITU 
v23 a Mark is 1300Hz and a Space is 2100Hz. For Bell 202 a Mark and a Space are encoded at 1200 and 
2200 Hz respectively. In practice, these 2 standards are close enough that most devices can handle both 
without issues. 

Data Format:  MDMF is a richer (and better documented) development of SDMF and includes potentially 
much more information. For example, the caller name information is available only in MDMF format 
data.  See [Ref1] to [Ref5] for comprehensive details of the data formats. 

Data Type: There are 2 main types of data. The first is Caller ID information which is transmitted to the 
phone between the first and second burst. This could contain caller number, date etc. The second is 
message waiting data (number of new voice mail messages etc.) and is transmitted when there is a 
message event e.g. a new voice mail being deposited. See [Ref1] to [Ref5] for comprehensive details of 
the data formats. 

Ringer: This simulates a ring tone using a 50 Hz square wave at X times the amplitude of the AFSK signal. 
This is non-standard and will work only in devices which detect a ringtone based on the frequency of the 
ring signal (in the range of 15 to 70 Hz). Most commercial devices use detection of high voltage (say 30 
volts) and this will not be triggered. However, the projects appearing in the appendix have been 
designed to operate on such a signal. 

Date: This is sent in local time with format MMDDHHmm for example 05311659. Some phones which 
display the current date and time adjust themselves based on the date stamp sent with an incoming call. 
Clearing this field will prevent any data about this parameter being sent. 

Tel. Number: The incoming caller’s telephone number in some format. For any processing of this number 
except for pure display purposes, it may be better to normalize it to an E164 number. Clearing this field 
will prevent any data about this parameter being sent. 

 

Caller Name: This is available with MDMF only. The specification states it can be up to 50 characters, but 
in practice, the local limit may be much lower. Clearing this field will prevent any data about this 
parameter being sent. 
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Msg Waiting Indicator:  This indicates if there is a message waiting. The Suppress option prevents this 
parameter being sent and is intended for MDMF where the Number of Messages parameter can also be 
used for this purpose. Note: for one SDMF device capable device tested,  it was found that this code 
sequence had to be sent twice to successfully set/unset the indicator. 

Number of Messages:  The number of messages waiting. Available only in MDMF. Clearing this field will 
prevent any data about this parameter being sent. 

 

4.2.2 Message Area 
 

 

Figure 4-3 

This is intended for developer debug messages. It is refreshed on each press of the button “Generate 
xDMF” 

 

 

4.2.3 xDMF Area 
 

Pressing the button “generate xDMF” takes the details entered by the user and converts these to a hex 
representation according to the data format selected. The example below uses the data displayed in 
figure 4-1 

 

Figure 4-4 

 

The following table shows how the hex representation is built up by showing the first n bytes from figure 
4-4 as an example: 
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Hex Code Description 
0x80 Header: This indicates an MDMF data stream. An SDMF data stream would start with 

0x04 
0x27 Payload Length: This indicates the length of the data payload, that is excluding the 

header, length and check sum bytes 
0x01 Parameter Date: A MDMF date parameter has the code 0x01 
0x08 Parameter Length: in the case of a date it is fixed at 8 bytes 
0x30 Parameter Data byte 1: This is the ascii character ‘0’ from the date 05311659 
0x35 Parameter Data byte 2: This is the ascii character ‘5’ from the date 05311659 
. . . . Skip 5 bytes: 0x33  0x31  0x31  0x36  0x35 
0x39 Parameter Data byte 8: This is the ascii character ‘9’ from the date 05311659 
0x02 Parameter Caller Number: A MDMF caller number parameter has the code 0x02 
0x0C Parameter Length: in this case, the caller number is 12 bytes 
0x2b Parameter Data byte 1: This is the ascii character ‘+’ from the number +41319992125 
Etc. Etc. 
Figure 4-5 

In MDMF, the order that the parameters appear in the data stream is not defined. SDMF has a simpler 
fixed structure. 

You can edit the displayed data, adding, deleting or changing values. For example, you can change the 
first 0x80 to 0x77 to see how the device reacts to an invalid header. Use valid space deliminated hex 
values and note that no error checking is done. Any change to the hex values may render the length and 
check sum invalid and the device under test my react accordingly. 

 

 

4.2.4 Bitstream Area 
Pressing the button “generate xDMF” takes the hex values above and converts these to a bit 
representation but including a preamble of 300 alternating space (0) and mark (1) bits followed by 180 
mark (1) bits and a postamble of 15 mark bits. 

 

Figure 4-6 

Each data byte is represented by 10 bits. The first bit is a start bit and is always 0. The last bit is stop bit 
and is always 1. The remaining 8 bits are the original byte, but in LSB first order. Spaces are not 
significant here. 
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For example, the highlighted data above, 0000000011 is the MDMF header byte 0x80. Remove the start 
bit and the stop bit, to leave 00000001. Now change the order to MSB first order to yield 10000000 
which is 0x80. 

As with the hex representation, the data can be edited. For example, to test how the device under test 
responds to bit stuffing, the following could be added: 

 

Figure 4-7 

The stop bit of the MDMF header (in this case) is padded out with 3 additional mark bits which the test 
device should ignore. 

 

4.2.5 Generate / Send Audio 
Simply pressing the button illustrated causes the bit stream to be converted to an audio stream. If the 
Ring On option has been selected, then the audio will be embedded in a simulated ring sequence. The 
bit stream sent field will be updated to show the data sent to the device under test and the button 
“Jump to Audio data” is activated. 

 

Figure 4-8 

Here is an example of how the sample data could be presented on a test device. 

 

Figure 4-9 
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5 Audio Stream Data Format  
The AFSK audio stream is generated in WAV sound file format – see [Ref6]. Basically, it is a 1 channel 
(mono) sine wave with a bit depth of 8 and a sample rate of 24,000 samples per second. The frequency is 
dependent on the modulation type and the bit being sent (0 or 1) . The carrier is 1200 baud which means 
that each bit is made up of 20 samples and that a binary 1 is transmitted as approximately one full wave 
and a binary 0 is transmitted as approximately two full waves (depending exactly on the modulation type 
selected). The amplitude of the signal is calculated as a sine wave where a sine of 0, 180 and 360 degrees 
yields a value of 128 (decimal). A sine of 90 degrees is yields a value of 160 (decimal) and a sine of 270 
degrees yields a value of 96 (decimal). Since there is no attempt to preserve the phase in switching 
between a binary zero and a binary one, the modulation type is known as discontinuous AFSK. However, 
this appears to be fully compatible with the target devices tested.  

 

Figure 5-1 

The above illustrates a discontinuous AFSK signal with binary 0 = 2200Hz and binary 1 = 1200Hz with a 
1200Hz carrier (period = 833 microseconds).  So a binary 0 can be seen as (nearly) two consecutive 
narrow waves and a binary 1 as one broad wave. Visible between 0 and 5000 microseconds is the 
sequence 010101. At just over 3000 microseconds we see a phase clash in a 1 to 0 transition which is 
typical of discontinuous AFSK. 

The ringer simulator, if selected, generates a 50Hz square wave of 50% duty cycle with mark of 255 and 
space of 0. The pattern is 2 seconds ring, 1 second silence, AFSK data stream, 2 seconds silence, 4 
seconds ring, 2 seconds silence. This ring simulation is suitable only for devices which detect the ring 
frequency. Many devices, however, use a voltage level ring detections for which this simulation is 
unsuitable. 
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6 Troubleshooting 
 

The most likely source of problems is browser incompatibility and the connection between pc hosting 
the java script web page and the device under test. 

If the web page appears completely unresponsive, or only partially functions, test it with the Firefox 
version mentioned under usage instructions above. Also check the web (or javascript) console of the 
browser to see if there are any error messages there. 

Check that the device under test has been designed to support AFSK signaling. If, for example, it is 
intended for a network which uses DTMF or other signaling, it may not work. 

Check with an oscilloscope or a multimeter to ensure that a signal is getting to the device under test. Try, 
if possible, to adjust the audio volume. If only the simulated ringing fails, then it is likely that the test 
device uses a ring detection method which this java script application does not support. 

 

 

 

7 A document collection, some directly referred to above or used in the 
solution and some generally relevant further reading. 

 

ETSI documents  

[Ref1] ETSI EN 300 659-3 V1.3.1  

http://www.etsi.org/deliver/etsi_en/300600_300699/30065903/01.03.01_40/en_30065903v010301o.p
df 

 

 

[Ref2] ETSI 2 EN 300 659-1 V1.3.1  

http://www.etsi.org/deliver/etsi_en/300600_300699/30065901/01.03.01_60/en_30065901v010301p.pdf 

 

These ETSI documents are very comprehensive, relevant mainly to MDMF, describing and specifying 
relevant telephony data formats and encoding standards at various layers. 

 



 

11 
 

[Ref3] holtek Type I caller ID using the HT9032 

http://www.holtek.com.tw/documents/10179/116745/an0053e.pdf 

 

[Ref4] EXAR TAN008 Designing Caller Identification Delivery Using XR-2211 For U.S. 

https://www.exar.com/files/documents/tan_008.pdf 

 

The two references above are similar application notes for obsolete ICs which describe the data formats 
and parsing of Caller Line Identification information. Exar has also a similar document relevant to British 
Telecom networks (TAN009) 

 

[Ref5]  Qwest Communications – Message Waiting Indication Visual 

http://www.centurylink.com/techpub/77335/77335.pdf 

This describes an SDMF representation of message waiting.   

 

[Ref6] Microsoft Wave PCM sound file format 

http://soundfile.sapp.org/doc/WaveFormat/  

 

[Ref7] Arduino caller ID system (with anti-spam function) 

http://forum.arduino.cc/index.php?topic=528459.0  

 

[Ref8] Arduino caller line identification system 

https://forum.arduino.cc/index.php?topic=490392.0 

This is a previous development of [Ref7] but without an anti-spam function but with local storage of call 
data. 

 

[Ref9] Java Script Source Pack for this document 

http://forum.arduino.cc/index.php?board=29.0  


