LAPPEENRANTA-LAHTI

UNIVERSITY

OF

TECHNOLOGY

LUT

School of Engineering Science
Software Engineering

Enxhi Minaj

OPTIMIZATION OF ANSWERING MACHINE DETECTION APPLICATION IN
ASTERISK

Examiners:

Professor Jussi Kasurinen,
Assistant professor Antti Knutas,
MSc. Jarno Tenni

ABSTRACT
Lappeenranta-Lahti University of Technology LUT
School of Engineering Science
Master's Programme in Software Engineering and Digital Transformation

Enxhi Minaj
Optimization of Answering Machine Detection application in asterisk.
Master’s Thesis 2020

60 pages, 20 figures, 1 appendix
Examiners:

Professor Jussi Kassurinen, Assistant professor Antti Knutas,

Msc. Jarno Tenni
Keywords:
Answering machine detection, voicemail, VoIP, SIP, answering machine,
softphone, asterisk, extensions, dialplan, automatic dialer, voice recognition, design science

Software applications that provide calling as a service, use VoIP (Voice over Internet
Protocol) technology. The businesses that use this kind of service, such as call centers, want
to get a significant amount of calls done in a certain time. Automatic dialer is one of the
services of those software applications and is used to call contacts and spread them to the
free online agents. Agents loose time when they are connected to a call answered only by
voicemail. AMD (Answering Machine Detection) extension can be used to analyze the
answered calls and recognize whether the recipient is a human or a machine (voice mail)
according to predefined parameters. AMD allows the dialer to skip the voicemail
connections with the agent, allowing them to work more productively. Aim of this study is
to optimize the AMD by making it faster and more accurate for the software application.
Asterisk was used as a framework, because it offers the AMD technology and allows the
developers to make changes on it. The design starts with the installation, configuration, and
integration of it with the telephony software services, and later it can get integrated with any
tele sales software application as well. Based on literature review, a conducted survey and
the performed tests, an AMD proposal is suggested. The implementation of AMD into telesales software application will bring the satisfaction from the agents, because they will use
their time more efficiently, the companies will see a higher productivity because of the
higher amount of calls achieved in a smaller time.
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1 INTRODUCTION
1.1 Background

Telephony systems have evolved a lot during the years, from land line phones to wireless
phones, to mobile phones and lately to virtual phones. Interestingly, it has been said that
nowadays, the percentage of people ignoring the calls is higher than from the time the
communication through telephones, started. A factor that has impacted that behavior
might be due to the improvements of the telephony systems which show the Caller ID.
These evolvements are not always a benefit for the communication purposes in industries.
Because of caller ID, larger amount of calls are not answered, which leads to an increased
amount of voicemail contacts. This has become a disturbing issue for the sales companies
who need to connect to their customers and create their sales.

Companies that are based on sales through the phone or that offer customer service are
usually using software applications based on VoIP (Voice over Internet Protocol)
technology. These applications give the opportunity to the users, to handle a large amount
of incoming and outgoing calls in a very productive, easy, and cheap way. By using
internet to create the calls, more advancements can be made. It is very easy for these
applications to recognize a busy signal, a disconnected or unanswered call, but it is a
challenge and a unique case to recognize a call answered by a machine.

Without automated machine detection (AMD), customer service agents must determine
whether they are receiving a live call or voicemail. If connected with a voice mail, agents
must decide if they should leave a voice message back to the customer or just hang it up.
This is a time-consuming process and can decrease the quantity of calls agents can make
in a day. AMD-technology can be used to tell the automated dialer whether a call is
answered by a machine or a live human. When the automatic outbound dialing is enabled
with AMD, only the answered calls, which are predicted to be live humans, will be
connected to an available customer service agent. This will decrease the amount of
voicemail answers the agents receive, which leads into limiting the amount of time lost.
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This way the companies will become more efficient and more profitable, because a larger
number of calls can be made in a shorter period of time.

When the call is answered, AMD algorithm analyses the predefined parameters and states
the status of the answer, based on the predefined rules. The rules are drawn from the
distinctions in voicemail and human answering patterns. For example, a loud background
noise and the length of greetings are considered as the key factors that can help the
software-based dialers to detect a call as an answering machine. In the other hand, if the
silence after the greeting is long and the greeting itself is short, including 4 words at
maximum, the software can be able to tell that the answering call is a live human.

There is a large variety of machine answering types, same as for real-time human
answering styles. Therefore, current accuracy detection of an answering machine
technology is difficult to get to 100% success rate. In addition, AMD needs the first few
seconds for analyzation, causing a short delay to live calls, which can easily irritate the
customers. In these cases, the role of a poorly operating AMD could affect the businesses
in a harmful way.

1.2 Objectives of the design

Objective of the design is to optimize AMD rules in a way that the analyzation time of an
answering call is shorter, and the detection accuracy is higher. To do this, the parameters
defined in the AMD algorithm should be chosen and tested carefully. A high amount of
answering call variations should be taken in consideration. With that being said, the
answering calls can be voicemails and humans.

Following research questions have been identified:
1. What kind of rules and parameters are applied when optimizing AMD in the
recognition of voicemail and human answers?
2. How to make this detection happen faster?
3. How to increase the accuracy of answering machine detection?
6

2 LITERATURE REVIEW
Voice over Internet Protocol technology has become the easiest and the cheapest way to
communicate nowadays. In the sections below, it will be covered more in depth how the
VoIP communication is being used and what are the tools that are supported by it.
Automatic voice detection (AMD) has a great use of the VoIP technology, since it allows
the analyzation of the voice through internet protocol (IP). The internet telephony
applications, also called softphones, are the main tools where VoIP can be applied. The
literature continues with explanation of SIP as a protocol for VoIP and expands the
knowledge on how Asterisk as a telephony software application is utilizing those
concepts. Asterisk is also the part where the design of this thesis will take part on, so, it
is crucial to get familiarized with its architecture and the technologies used in it. However,
the asterisk application should be integrated with some other software to fulfill its
telephony purpose, known as softphones, that is why the next chapter talks shortly about
them. The last chapter will cover the most important topic of this thesis: AMD and the
real-time human and answering machine recognition. Examples of how other companies
are using AMD are taken into consideration and how to benefit most from its use.

2.1 VoIP communication
Telephony systems have initially transmitted the voice through the wire. Nowadays the
voice is transmitted through the internet. The development of Voice over internet protocol
(VoIP) technology has made it possible to transmit the digitized voice in packets, even
though the telephone itself may be analog or digital. The voice may be digitized and
encoded either before or while it is being transmitted with packetization.

TCP/IP (Transmission Control Protocol / Internet Protocol) networks process the
information packets and a payload to move the data. VOIP uses it to get the voice
digitalized in information packets, then it gets compressed and travels across the network.
When the packets arrive to the destination, they get converted to voice again. (Golhar and
Dhamdhere, 2016) The full steps are shown in the Figure below.
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Figure 1 Process steps in VoIP communication (AL-Akhras, 2015)

The process steps in Fig.1 are explained in chronological order below:
1) Analogue to Digital Conversion: The analogue signal is transformed into a
sampled and each of them are showed as several bits.
2) Compression: By using a coding algorithm, the samples that now are just bits, get
compressed into a compact representation. This is needed to decrease the usage
of the bandwidth.
3) Packetization: The network protocols need to have headers to guide the network
where the voice packets need to be delivered to.
4) Transmission: Packets go through many domains and get queued in several
intermediate routers when communication is happening over the IP.
5) Depacketization: When the packet has arrived in the destination, the headers that
are added during the packetization, get removed. In the payload, can be found the
compressed sample, same as it was in step 2.
6) Decompression: To get the signal in the same shape as it was before the routing,
the second step needs to get reversed.
7) Digital to Analogue Conversion: The bits should get converted into signal after
this whole process and the decompressed voice is sent to the playout tool.
(AL-Akhras, 2015)
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The telecommunication and IP networks integration, the VoIP and the PBX (Private
Branch Exchange) development forwarded into IP PBX, in other words, calling it as
business telephone system. This new development allows the information exchange
between the public telecommunications network and the enterprise telephony system.
(Song and Ming Huan, 2012) A simple example of a telephony business is where VoIP
gateway is connected to PBX as well as to the local telephone company central office.
The VoIP gateway makes it possible for the telephone calls to get completed through the
IP network. With other calls, nothing is changed since they can still get completed via the
telephone company. The business may use the IP network to make all calls between its
VoIP gateway connected sites, or it may choose to split the traffic between the IP network
and the PSTN (Public Switched Telephone Network) by a routing algorithm that is
configured in the PBX. VoIP calls are not restricted to telephones served directly by the
IP network. (Goode, 2009)

According to Sacker and Spence (2006), Intel performed a pilot program where VOIP
was integrated into their production environment, in order to test it out with a group of
employers. The results demonstrated a success in technology and in productivity. The
tasks were conducted more efficiently because of the use of the SIP (Session Initiation
Protocol) and the private branch exchange (PBX). The productivity was higher also
because of its user-friendly tools such as VoIP desk phones, VoIP softphones, digital-toIP phones, wireless fidelity (Wi-Fi) SIP- mobile handsets. All of this led to cost saving
too.

The benefits of Voice over IP Technology can be listed in:
•

Less cost of the used tools

•

The opportunity to new innovative applications

•

Cheaper phone calls

•

Less bandwidth is required

•

Made it possible to Live stream (radio, TV channels, conferences)

•

Allows voicemail to get delivered to e-mail inboxes. (AL-Akhras, 2015).

Applications of the VOIP is very wide, mentioning:
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•

Call Centre Integration

•

Directory Services over Telephones

•

Reduce cost for long distance calls and Video Conferencing

•

Fax over IP (AL-Akhras, 2015)

2.2 SIP (Session Initiation Protocol)

Session Initiation Protocol is an IP telephony signaling protocol, used to set up or stop
connections and to control voice over IP communication sessions. Originally, SIP was
invented to work as a client server protocol with the intention to establish multimedia
communications. (Rajini, 2010; Khan and Khan, 2011)

SIP is a peer-to-peer protocol, meaning that the system contains endpoints (such as
telephones) and some sort of device that allows routing the connection between two
different networks (such as Asterisk). The Fig.2 below can help to demonstrate what a
peer to peer protocol relationship looks like. As it can be seen two SIP endpoints can talk
directly to each other as well as SIP can talk directly to traditional telephone.
To better understand it, when SIP calls are made from one endpoint to the other, as it can
be seen from the picture also, the calls go through Asterisk (which is going to be explained
in the below chapters). Technically, at that point, 2 calls are made. The first one is from
the endpoint to Asterisk and the other one, from Asterisk to the targeted destination. In
the same way, when a call comes from “outside” (such as a cellular phone), Asterisk will
act similarly by creating a bridge to connect those channels together. (Meggelen, Bryant
and Madsen, 2019)
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Figure 2 SIP connection (Meggelen, Bryant and Madsen, 2019)

Even though the device that support SIP are going to be different, they will always need
three parameters to be configured:
1) The server’s address where the connection is going to happen
2) Username or the extension
3) Password

SIP is more flexible than most of the protocols, because for SIP it does not matter what
type of information (audio, visual, text etc.) is going to be exchanged. (AL-Akhras,
2015)To shortly summarize it, SIP is the standard for VoIP networks. (AL-Akhras, 2015)

2.3 Asterisk (FreePBX)
Asterisk is the most used open source software application aimed to build another
software product that are related to communication. Asterisk support the use of IP PBX
(Internet Protocol Private Branch Exchange) systems, VoIP gateways and other custom
solutions. (Asterisk, 2020)
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Asterisk is primarily design to run in Linux and it has comprised in there around 100
years of knowledge about telecommunication. The best features of Asterisk, that make it
as one of best open source frameworks are its nature to be customized and its ability to
offer many creative ways for new applications that inherit its features, such as voicemail,
call queuing and agents, automatic voice detection (AMD), call parking, hosted
conferences and more other features. (Meggelen, Bryant and Madsen, 2019)

Regarding the security, Asterisk is capable to quickly responds to the hackers and security
threats, even though it cannot cover all the attack cases. However, this is a problem that
Asterisk developers are well aware of it and they are working to make it as good as
possible. (Meggelen, Bryant and Madsen, 2019)

Similar to Asterisk, there are a few more open sources PBX software solutions that will
offer almost the same benefits as Asterisk such as SIP Foundry, Voicetronix, OpenSIPs,
Kamailio or 3CX. There are also a lot more that are based originally on Asterisk such as
Elastix, or FreeSWITCH, but their aim is to maximize the use of Asterisk and bring the
greatest features of Asterisk in a much more user-friendly and less complex use. (Grech,
2016) However, the simple goal of the telephone is to allow communication between
people. Unfortunately, the new technologies seek domination in the market, instead they
need to cooperate to offer innovation and flexibility. According to Meggelen, Bryant and
Madsen (2019) Asterisk is the foundamentals of the future for the communications
technologies, and so far, it keeps the record for the most succesful used open source
framework in communication.

2.3.1 Asterisk Architecture
The architecture of the asterisk is very different from most of the PBXs. The unique factor
is that the dialplan in Asterisk, treats similarly all the incoming calls. Usually in most of
the PBXs when the call comes, it is separated into stations (telephone sets), trunks
(resources that connect to the outside world) and so on. Everything that goes or come
through asterisk passes through the same channel of some sort. The Asterisk dialplan
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conducts all channels in the same way and this approach benefits to asterisk users because
it makes the creative routing a lot easier.

Figure 3 PBX vs Asterisk architecture (Meggelen, Bryant and Madsen, 2019)

Asterisk is built on components (modules). Each of them contains parameters that are
defined in /etc/asterisk/modules.conf file. Based on those parameters, the modules are
loaded to afford some specific function or to provide the needed resources that allow
external technologies to get connected with asterisk. Asterisk can get started even if there
will not be any modules, but at this point Asterisk will not be capable to perform anything.
This explains the necessity of the modules in Asterisk.

For a device to work with Asterisk, two tasks are needed to be configured in it. Firstly,
the channel credentials or the device should be configured in Asterisk. And secondly,
telling the device where the Asterisk’s server is and what is needed to connect them.
(Meggelen, Bryant and Madsen, 2019)

2.3.2 Asterisk Extensions

An extension in PBX can be described as a phone number that can be dialled in order to
make a telephone, a communication device or just a software service to ring. Whereas, in
Asterisk, the concept of an extension is very different and critical. In Asterisk, the
13

extension would mean a group of instructions written in a scripting language, also known
as dialplan, that will tell the Asterisk how to behave. The extension in Asterisk could be
a number, a word or it can even be considered as just a name (such as voicemail) that
allows simple services of some sort to ensure specific functions such might be “not
sending the call out to any channel”.

The concept that links the extension as a name and the extension as telephone that can
ring is a very abstract. Extensions cause the initiation of the instructions written in a
sequence with priority. The sequence of instructions written also known as dialplan, can
be numerous. For example, a dialplan example would be when telling to asterisk to dial
the extension number 300. Or a dialplan that specify that extension 300 should ring the
device at specific day and at specific time. For all the other days and times, the extension
300 should do something else.

The syntax for an extension is the word exten, followed by an arrow formed by the equals
sign and the greater-than sign. Then it is followed by the name or number of the extension,
which in the example below is 300. The following would be the priority and the last is
the command.

An example of the script in Dialplan would be:
exten => 300,1,Dial(SIP/demo-test,15)
exten => 300,2,Answer()
exten => 300,3,Playback(invalid)
exten => 300,4,Hangup()
So, what happens there is: The extension number 300 will attempt to ring the test’s phone
for fifteen seconds. As next step it will answer it. The third step, it will play a voice, in
this case telling that the extension dialed is invalid and as a fourth step it hangs it up.
(Meggelen, Bryant and Madsen, 2019)
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2.3.3 Virtual phone systems / VOIP SIP softphone dialer with voice
Software applications which offer the voice over internet protocol calls are called
softphones. Usually these kind of software applications are commonly used in the
smartphones, tablet computers or personal computers transforming these devices into
communication devices by sending messages or making phone calls. (Graydon et al.,
2018)
The VoIP softphones can be considered as reusable software telephony devices that use
voice over internet protocol technologies. These devices are able to associate account
owners with at least one instance of a that telephony device via the configuration
information that the device requires. Instances are created by the software for each
connected account. (Syamakumari, 2017)

The usability of the virtual phone systems is mostly found in the call centers and all
other companies that offer a customer service. These companies need to handle a large
amount of incoming and outgoing phone calls hence the telephony software applications
come greatly in handy. (Johansen, 2006) The use of traditional telephony systems are so
difficult to use in such companies, the efficiency of the employers will be very low and
in addition to that it will be extremely costly. As discussed earlier in this chapter, these
complex telephony systems use the VoIP, including the Private Branch Exchanges, the
Interactive Voice Responses (IVR) systems as well as call queuing and call routing
systems. (Johansen, 2006)

2.4 Answering Machine Detection
Answering Machine Detection (AMD) is a technology included in the communication
applications mostly in the automated dialers, which is used to determine if the endreceiving of a call is a voicemail answering machine or human.

2.4.1 Pattern Recognition
The most advance areas of software science and technology has brought many advantages
in the humans’ daily life. Some jobs that are done manually by humans are being replaces
15

by machines which are capable to perform the tasks more accurately, faster, and cheaper.
There are other jobs that humans are not capable to do, such would be the QR (Quick
Response) codes. Only specific machines that use the Pattern recognition technology are
able to read the figure and translate it into a code. (Ripley, 2014)

For using the pattern recognition technology, it is needed to study and learn the human
behavior very well, especially how and why humans are using one or more specific
methods for a specific task.

Recognition and learning have been both studied in

philosophy, psychology and other fields. Afterwards, for the machine to transform and
represent what the pattern is, the lowest language programs (which are bit arrays of 0’s
and 1’s) are used. (Anzai, 1992)

The range of processed information included in the pattern recognition technology is
really wide and the problems it offers to solve represent a great practical significance.
The border of it is difficult to establish, but according to Bishop (1996) pattern recognition
technology takes place from speech recognition and the classification of handwritten
characters, to fault detection in machinery and medical diagnosis.

However, in this thesis, pattern recognition is only used into defining the characteristics
of a human and a machine answering the call. The behavior of humans answering to
unknown phone numbers and the typical patterns of voicemails played after the ring, have
been studied. Afterwards, once the characteristics are all defined and established, the
detection happens based on those characteristics.

2.4.2 AMD Technology
Based on what the AMD declares, whether it is a human or a machine answered from the
outbound call, the call flow may follow different paths. For example, the call can get
transferred to a human agent if the call recipient is detected as a human by the AMD, or
an automated recorded message can be played if the call is detected as an answering
machine. (Us and Lomaha, 2015)
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This technology detects whether the voice behind the call is a human or a machine based
on 3 main rules:
1. The background noise that comes from the pre-recorded voice message
2. The number of words and the length of the greeting: in voicemail there are usually
more than 3 words and the speaking voice is continuing, without long breaks.
3. A human or the live respondent usually says something similar to “Hello?”
followed by a post-greeting silence.
(EVS7, 2020; Telnyx, 2020; Twilio, 2020)

The use of AMD in the telephony systems has its upsides and downsides. At this point, it
is well explained now that when a machine is detected, the AMD will hang up the call.
Therefore, the companies will save on the cost of the telephone call and will get a higher
productivity from their agents. In the other hand, even if they want to leave e message to
the customer who was not able to pick up the phone, they can still play a default message.
In a case like this, the AMD waits till the end of the message and plays the message to
them. (Infobip, 2020) The AMD technology tries to make sure that the agents handle only
the answered calls by real-time humans and their time is spent only is sales conversation.
That being said, the agent can interact with more people that can be potential customers,
instead of losing their time by hearing to some voicemail answers.

The companies that use Twilio as their software provider, can use AMD in two modes:
-

A voicemail is left from agents to calls where the respondent is detected as
voicemail.

-

A default where AMD solution is focus on accurate and fast detecting.
Alternatively, the performance can be adjusted based on users preferences, by
using their the engine optional API parameters. (Twilio, 2020)

Once AMD is enabled for the outbound calls, and the call gets answered, the detection
application will determine the answered call whether it is a machine or human. The
process is very simple. Once the call is answered from the recipient, the audio is converted
into packets and from there, the first packet gets analysed from AMD. If there is some
delay from the time the recipient picks up the phone, the first audio packet that has been
17

send to AMD to be processed may get classified as a machine because of the response
delay. (Twilio, 2020)

Figure 4 Simple process of audio analyzation (Twilio, 2020)

To do that, the minimum analyzation time needed is 4 seconds. If total silence is detected,
when the call has been answered, the AMD will interpret it as a machine. Infobip, has
configured AMD in the way that if any noise is detected, the answered call will be
interpreted as human because they have presumed that almost all noise scenarios will lead
into human detection. They state that their “AMD mechanism is 95% accurate for Spanish
and Portuguese languages in Spain, Colombia, Mexico, Peru, and Brazil respectively.
For other markets, accuracy is around 80%, with constant work on improving the
model.” (Infobip, 2020)

When initiating a call using the Telnyx voice API, and the AMD is enabled, once the call
is answered their AMD algorithm will detect in a short time if the respondent is a human
or machine. Whether a human or machine is detected, Telnnyx will send data in real time
so that the agent can determine the next step in the call flow. The speed andd accuracy of
Telnyx Answering Machine over 97% while Twilio’s AMD accuracy is 95%. (Telnyx,
2020)

QContact (2019) states that for them to get the length of a greeting and to filter out the
voicemails, they need to take into consideration the first few seconds after the call has
been answered. As for every AMD, the longer the period they can analyse from the
answered call, the more accurate prediction, the algorithm will return. It is obvious that
for a live call, when customers reply, the time that they will wait to get a response from
18

the other side of the phone is just a couple of seconds. So, they have decided that the
waiting time after the customer answer the call is 3 seconds. “FCC & Ofcom have rules
that the call should never end to a live human without an agent handling it or a message
being played”. By the fact that the prediction is not 100% accurate, and the AMD detect
the silence as a machine, Ofcom say that AMD would be unsuited to use.

If the voicemail detection is needed to get enabled, the companies using it should be
taught about the limitations of the AMD technology. Moreover, they must be aware that
the agent will not hear the first seconds of the call (meaning that they will not hear the
greeting), so for the customer to have a good experience, it is very important that they to
respond to the call immediately, once the call connection goes to them. (Qcontact, 2019)

Convoso, which is a Call Centre Software, similarly state that the accuracy of AMD
cannot be 100% and it also uses the first few seconds to determine the state of the call.
They are using three modes of the AMD:
1. “Standard mode is about 87% to 95% accurate but occasional answering
machines will get through to the agents”. Their Standard mode consist of filtering
out the highest volume of answering machines. According to them, only a small
number of humans answering the phone is identified as answering machine and
only a few machines are connected to the agents.
2. “Advanced mode is about 60% to 70% accurate”. The amount of answering
machines that go through the agent is less, but the risk that a call where a human
has been answered to be flagged as an answering machine is higher. – During the
Answering Machine Detection process, people will hear a background noise with
a cough, to give to the answered human the impression that there is another person
in the other side of the phone. This gives more time to the AMD to better detect
whether the voice is a human or a machine and reduces the chance that a human
might hung up the phone because of the long wait.
3. “Disable mode”- The system does not filter out the calls if a machine is answered.
(Jucay, 2020)
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BLUETELECOMS (2019) says that there are many other things that will make this
algorithm to work less precisely, such as the country specific systems (USA AMD won’t
play well in the UK and vice versa). The quality of the call is an extra outside factor that
is difficult to be considered in the algorithm. In addition, there are some answer machines
that have short greetings leading the algorithm think that the recipient is human and vice
versa.

To conclude, AMD is the technology that can be used in any business that operated with
automated outbound calling, where the call lists get run from the application itself and
detect the machine voicemail through defined rules. (Meggelen, Bryant and Madsen,
2019)

2.4.3 Machine and human voice recognition

In the chapter above, it was explained what the AMD is and how it is being used, but in
this chapter, it will be better explained how the answering machine detection works.
The Fig.7 shows a typical difference where a human is answering the call and the Fig.8
when a machine is answering the call.

Figure 5 Real-time human answering (Qcontact, 2019)

Figure 6 Answering machine (Qcontact, 2019)
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For a better image of AMD, the figures below show the use of AMD from the “Blue
Telecoms”. The Fig.9 show the process of the real-time human in the line and how the
AMD detects it.

Figure 7 Human detection process (Cisco Community, 2017)

The analyzation time start once the call has been answer. There is some silence and then
the “Hello” word. After greeting, it can be seen that there is a silence from which the
AMD detects it as human. (Cisco Community, 2017)
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Figure 8 Answering machine detection process (Cisco Community, 2017)

On the other hand, the Fig.10 shows the process of how AMD detect that the answering
call is a machine. The answered call goes through AMD and it can be declared as
answering machine because after the greeting, no period of silence was detected. After
that AMD waits for the maximum time of analysation and if beep is not detected, the
AMD in the background listens until it hears the beep to play the pre-recorder voicemail.
If beep is detected, it transfers the call to a route point where the pre-recorded voicemail
is being played. (Cisco Community, 2017)

There are many ways of how people answer to a phone call and how voicemails answers
are recorded, but there are also some very typical and similar ways of how real-time
recipients answer the call. Same thing can be said for voicemails messages because they
follow somehow similar patterns.
Generally, a live human will respond with a greeting, let us say, “Hello?” or “Hi” and
after that, the recipient will silently wait for a response from the other end of the call. It
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might happen that they will answer with a slightly longer greeting such as “Hello, Johnson
residence”. Whereas, quite often, the answering machines are long sentences and there is
not long silence before they start talking again or ending the message. An example would
be: "Hello, you've reached the Miller's residence, please leave a message after the beep",
or, “Hi, you’ve reached the home of Lycy and James. We are out for the moment, so
please leave a message after the beep.” And then the answering machine is followed by a
long silence. But as said, most human beings, tend to answer the phone with a short
greeting or their name. (BLUETELECOMS, 2019; BrightPattern, 2020)
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3 DESIGN SCIENCE METHODOLOGY
Design science research methodology is utilized to identify the stages of this research.
The greatest intention of this method is to solve a problem by designing an artifact.
(Azasoo and Boateng, 2015) The method simulates an efﬁcient and effective way to come
up with ideas that lead to innovations. In this methodology, the design, the analyses and
the evaluation of those ideas will fulfill the aim of the research. (Hevner and Chatterjee,
2010)

Design

Science

(DS)

methodology

is

the

most

commonly

used

method

(Peffers et al. 2008) in software engineering and the sciences of the artiﬁcial (Simon
1996). This is because it adapts well to the multidisciplinary effort (Hevner et al. 2004)
such as the software process which includes the solution design and the development.
(Sommerville 1998) The new and applicable knowledge (Azasoo and Boateng, 2015)
combined with the theoretical understanding are the distinct features in this research.
(Hevner et al. 2004)

The Fig.11 below demonstrates and clarifies the steps of the chosen methodology. They
will be explained in more detail in the chapters below.

Figure 9 Design science research method process model (Pulkkinen, 2013)
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3.1 Problem identification
Every research topic comes from the need to solve a specific problem. The first step of
the design science methodology is to clearly identify the problem and where it comes
from. After recognizing the significant business problem, the technology-based solutions
can get developed. (Hevner and Chatterjee, 2010)

Knowing well the state of the problem is the most important part of the research, because
from there the design and the development of the artifact starts. The problem can get
transformed into system objectives, also known as requirements and data collection.
(Peffers et al., 2007)

The problem identification will be applied in the construction of the research questions
and the research goal. It will be also applied in the “Background” part.

3.2 Definition of the objectives of a solution
In empirical research, the experiments and observations are directed by the previous or
the new theoretical knowledge. To achieve the best optimal solution, the used knowledge
should be combined from different disciplines. (Pulkkinen, 2013)

The objectives can be quantitative, meaning that the most wanted solution would be more
likely to be selected compared to the existing ones. The objectives can also be qualitative,
meaning that the new proposed artifact will support the existing solutions to solve
problems that have not been addressed before. (Peffers et al., 2007; Pulkkinen, 2013)

To summarize the role of this second step of the methodology, the objectives should come
as results from the problem specification. It is recommended, that to capably create these
objectives, the researcher should acknowledge the current solutions and the problem’s
state very well. (Peffers et al., 2007)
The definition of the objectives of a solution will be utilized in the “Objectives of the
design” part 1.1.
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3.3 Design and development
Design and development part of this research methodology is the chapter, where the study
becomes more practical than theoretical. In other words, it is the part where knowledge
is put into practice. (Pulkkinen 2013)

In this section, design science research must produce a viable model, where a solution
has already been established and the research questions have been answered.
Theoretically, a design research artifact can be any designed prototype where the solution
can be easily understood and tested. The functionality and the architecture of the model
are combined to create the actual artifact. (Peffers et al., 2007; Hevner and Chatterjee,
2010)

The Design and development will be employed in the parts 4.1, 4.2, 4.3, 4.5.

3.4 Demonstration
The fourth step of the methodology is demonstration. Typically, it involves the software
development. “At this phase, the prototype solution is demonstrated to a target
audience” (Pulkkinen, 2013) which will help to build the best functional solution. By
demonstrating the artifact, the identified problems should get solved. This phase involves
the case studies, experimentation, surveys, or other appropriate activities. (Peffers et al.,
2007)

Demonstration will take place in the chapter 4.4 Tests and Quality Assurance.

3.5 Evaluation
The artifact’s usability and suitability to solve the identified problems must be
demonstrated with careful and critical evaluation (Hevner and Chatterjee, 2010), similar
to how the theoretical knowledge was evaluated. The proposed artifact and the new
knowledge leading to the designing of the solution should be evaluated differently. The
theoretical knowledge should be evaluated by peer-reviewers and follow-up research. The
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software application, on the other hand, is always best evaluated by its real users.
(Pulkkinen, 2013)

According to Peffers et al. (2007) evaluation compares the objectives of the solution to
actual observed results gained in demonstration. Evaluation should observe and measure
for example “artifact’s functionality with the solution objectives… budgets or items
produced, the results of satisfaction surveys, client feedback, or simulations. It could
include quantiﬁable measures of system performance, such as response time or
availability”. Based on the feedback of the testing audience, developers can go back into
the design and development phase to improve the prototype.
Evaluation will take place in the chapter 5 “Results and discussion”.

3.6 Communication
Communication of the solution of the problem, the artifact and their importance is
significant for the success of the research. This information should be communicated to
the target audience, such as other researchers and practicing professionals. Researchers
can use the process structure presented in this methodology as a structure of the papers in
scholarly research publications as it is quite similar to common structure of empirical
research papers (problem deﬁnition, literature review, hypothesis development, data
collection, analysis, results, discussion, and conclusion). (Peffers et al., 2007; Pulkkinen,
2013)

This methodology process runs through the whole thesis and is utilized in the structure of
the conclusions chapter.
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4 DESIGN
Aim of this design is to optimize the AMD application. In this chapter, the used tools and
followed techniques are combined with the gained knowledge from the literature review.
The first chapter talks about the prerequisites, such as the installation of the open source
framework (Asterisk), asterisk extensions (phone accounts), the dialplan (which demands
a certain behavior for the calls that go through asterisk) and the telephone software
application (as the tool to create phone calls within the created extensions). Later, the
AMD elements are noted and analyzed based on a conducted survey and on the findings
from the literature. The design continues by writing a simple dialplan, in order to look at
the process analyzation of AMD. Answering machine and real-time human answers are
recorded with the purpose of testing. A testing tool called SIPcmd which work as
softphone, is used. Lastly, based on the tests and the analyzation, an Answering Machine
Detection has been proposed.

4.1 Pre-requirements
The sections below describe the followed process of installation and configuration of the
tools needed to get the AMD application up and running.

4.1.1 Installation of Asterisk

For starting over with the design, first needed thing was installing the Asterisk in a server.
On behalf of this thesis, the server used is 94.237.95.85, which is a VM hosted on
UpCloud and installed based on CentOS 7 default template. In the literature review, it has
been already described what asterisk is, why it is needed and how it works. Asterisk is
built in Linux, and the Asterisk packages can be installed by using package management
systems such as yum or apt-get. Many applications are using Asterisk as a core platform.
The most famous one is FreePBX GUI (Graphical User Interface), that interface is often
confused as a product of Asterisk itself. These software products based on Asterisk,
provide a web-based interface where the administration, the database and the external
functions are easier to use for all kind of users. (Meggelen, Bryant and Madsen, 2019)
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Putty terminal was used to install Asterisk’s 13th version in the server. Putty SSH (Secure
Shell) is a handy terminal program that can be used in Windows, as well as in Linux.
Putty is the most popular free program that support SSH, telnet and raw socket
connections that offer a good imitation of terminal. The terminal was needed to use SSH
because it offers a high reliability and an inexpensive security product for encrypting and
transmitting data over a network. (Barrett, Silverman and Byrnes, 2005; SSH.com, 2020)
The whole Asterisk software was compiled in the directory ‘/usr/src’, in order to keep
that stuff in a single space. The asterisk open source framework needed to get
downloaded. (Asterisk, 2018) Many CLI (Command Line Interface) commands were
followed to install and configure different packages of Asterisk such as: Sound packages,
FreePBX and its modules, Astersik Web API (Application Programming Interface), the
wildcard certificate, MySQL configuration and a lot more.

4.1.2 Default AMD configuration

AMD configuration file did not come with the installation of Asterisk in the server. The
Asterisk’s AMD default configuration file was not difficult to find. To configure the
AMD file in the Asterisk server, it was needed to be in the root of the project and a file
called amd.conf was created. The Fig.12 shows the content that was set in the file.
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Figure 10 The default amd.conf file that Asterisk provide (Fossies, 2020)

Once the file was created, amd.conf needed to get load in order to make the calls go
through it before answering. The used command for it was:
module load amd.conf
**Loads the specified module into Asterisk.

When loaded, AMD reads amd.conf and uses the specified parameters as default values.
By using the default settings as in the picture above, it will attempt to detect answering
machines once the call has been answered.

This application will set the status (AMDSTATUS) of answering machine detection,
which in this case are four: MACHINE, HUMAN, NOTSURE, HANGUP.
The cause that led to the conclusion of the AMD status (AMDCAUSE) is also defined
from six parameters.
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TOOLONG, INITIALSILENCE (duration of initial silence), HUMAN (the silence
duration after greeting), LONGGREETING (the duration of the greeting),
MAXWORDLENGTH (maximum length of one word), MAXWORDS (maximum
number of words)

Syntax
AMD([initialSilence,[greeting,[afterGreetingSilence,[totalA
nalysis
Time,[miniumWordLength,[betweenWordSilence,[maximumNumberOf
Words,[silenceThreshold,[maximumWordLength]]]]]]]]])
(Asterisk Documentation, 2018)
4.1.3 Creation of extensions and Connecting with a softphone

As mentioned in the literature review, SIP is by far the most popular VoIP protocol.
FreePBX was used to create the extensions because is the most common graphical user
interface for asterisk. In the latest releases of asterisk and freePBX, there were two options
to choose for setting up the SIP connectivity, chan_sip and chan_pjsip. Chan_sip is
deprecated so it was advised to create chan_pjsip extensions. PJSIP (Open Source SIP
Stack) combines the signaling protocol SIP with multimedia framework and NAT
(Network Address Translation), bringing a great support for desktop or embedded
systems as well as for mobile phones by functioning as high-level multimedia
communication API. In simple words, PJSIP provide the three most important
components for a better communication application such as signaling, the real-time
multimedia and the NAT traversal.

The extensions are used to set up the number, the name of the extension, the password,
voicemail settings if needed, and other settings. Typically, a physical phone will be
assigned to one extension. If freePBX would have not been used, the extensions could
have been created from the Extensions Module in Asterisk project. However, freePBX
does the same, making it easier for users to set them up, without changing / writing them
in module.conf file in the Asterisk project. The Extensions Module is integrated with
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other modules such as Inbound Routes Module Queues Module, Paging Module, Ringing
Group Module, AMD module etc., which help in the routing of the phone call.

The Fig.13, Fig.14 below show the extensions created from freePBX for testing reasons.

Figure 11 The created extensions - freePBX

Figure 12 The creation of one extension

At this point, it is still not possible for the extensions to be used as calling numbers in
order to test the default AMD configuration that Asterisk offers. For this reason, a
softphone application, is installed in the computer and in a mobile phone. The softphone
is a phone-software designed for communication that combines voice, video, and instant
messaging.
For creating SIP accounts in the softphone, the domain where the asterisk is installed on,
the extension name, and password (can be found in the Extensions-freePBX) was needed.
After following the needed steps, the 100@94.237.95.85 was created from the computer
and 200@94.237.95.85, 300@94.237.95.85 were created from the softphone installed in
the mobile phone.

The Fig.15 shows a simple example how the software application can be used as a
phone. A call has been made from extension 100 to extension 200.
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Figure 13 A telephone software application

However, after all these configurations, the system is able to create the calls between the
created extensions, but no rules were directing the calls to go to answering machine
detection after the call has been answered.

For the Asterisk to behave in a certain way, a dialplan script was needed to be written.
The Asterisk Dialpan is stored in the extensions.conf file found in the /etc/asterisk. As
mentioned in the literature, the Dialplan is basically a list of steps that the developers
write in order to manipulate the calls and route them. After modifying the dialplan, the
Asterisk CLI command "dialplan reload" is needed to be run in order for the
Asterisks to get the new “orders”.

To firstly understand how a phone call can be made by writing a dialplan, here is a simple
“hello world” example. The dialplan is simply instructing Asterisk how to behave with
the call.
exten = 200,1,Answer()
same = n,Wait(1)
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same = n,Playback(hello-world)
same = n,Hangup()

So, in that example when the call to 200 extensions is done, in the asterisk the phone call
is answered, it waits for one second, plays a recording that says “Hello world” and hangs
it up.
(Asterisk Documentation, 2018)

The script below, shows the dialplan created, for the answered call to go through AMD
application, before it is hung up.
exten => 200,1,Answer()
exten => 200,n,AMD()
exten => 200,n,GotoIf($["${AMDSTATUS}" = "HUMAN"] ?
human:machine)
exten => 200,n(machine),WaitForSilence(2000)
exten => 200,n,Playback(asterisk-friend)
exten => 200,n,Hangup()
exten => 200,n(human),Verbose(3, We've got a human on the
line!)
exten => 200,n,Hangup()

In this case, after the phone has been answered, the answer goes to AMD function to be
processed. Based on the AMD status it will direct the call to go to (human) step and
play “We've got a human on the line!” if the human has been detected, or
it will go to (machine) and play “asterisk-friend” record. And hang-up the
phone after it.

In the Fig.16 is showed what happens in the background of the answered call. The call
was created from account 100 to extension 200 from the softphone. When answering
the call, “Hello” has been said. The Asterisk had followed the dialplan steps correctly
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(marked with numbers) and it has detected that the answered call was a human. Based
on that status, it can be seen from the figure below the route the call has taken.

Figure 14 When the call goes through Astersisk – through AMD

4.2 Starting with AMD optimization
With literature review and survey carried out in this study, we are trying to improve the
default parameters and their values that Asterisk itself offers. Those default values can be
found in the Fig.12 This optimization focuses on improving the values in order to shorten
the time taken to detect a human or machine. Also, the accuracy of AMD system is aimed
to be improved.
In order to come up with the improved rules for the AMD, the Asterisk’s default
parameters are taken into consideration. These parameters will change based on how
AMD application would behave when tests of many voicemail and human answers have
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been made. Also, the literature findings and the results of the carried survey will help on
creating a faster and more accurate AMD.

4.2.1 Characteristics and rules found in literature

-

QContact (2019) states that for them to get the length of a greeting and to filter
out the voicemails, they need to take into consideration the first few seconds after
the call has been answered. As for every AMD, the longer the period they can
analyse from the answered call, the more accurate prediction, the algorithm will
return. It is obvious that for a live call, when customers reply, the time that they
will wait to get a response from the other side of the phone is just a couple of
seconds. So, they have decided that the waiting time after the customer answer
the call is 3 seconds.

-

According to QContact (2019), Cisco Community (2017), EVS7 (2020), Telnyx
(2020) and Twilio (2020) the silence after greeting, is a typical behaviour for realtime humans answering the phone.

-

(EVS7, 2020; Telnyx, 2020; Twilio, 2020) agree that the detect background noise
that comes from the pre-recorded voice message should be taken into
consideration. Also, the number of words and the length of the greeting in
voicemail is usually more than 3 words and the speaking voice is continued,
without long breaks.

-

Cisco Community (2017) waits for the beep to come from the voicemail. If there
is no beep in the analysation time, but the speaking continues, it declares it as
voicemail.

-

According to (BrightPattern, 2020; BLUETELECOMS, 2019) the human
responses are shorter strings and machines reponses are longer.

-

According to Infobip (2020) the minimum analyzation time needed is 4 seconds.
If total silence is detected, when the call has been answered, the AMD will
interpret it as a machine. Infobip, has configured AMD in the way that if any noise
is detected, the answered call will be interpreted as human because they have
presumed that almost all noise scenarios will lead into human detection.
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4.2.2 Survey results

A survey was conducted to get data on how people answer the call to unknown phone
numbers. 150 people had taken the survey. Most of the respondents were English,
Finnish, or Albanian (119).

The chart below shows the data in percentage of how many words people use when they
answer the phone. The answers are also shown below the graph.

From the results it can be understood that most of the people (4/5) answering unknown
phone number use max of two words. Small amount of people uses 3-4 words and the
minority uses more than four words. 30 answers came from Finnish people. 29 of them
answered the call with less than 3 words.
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The other question was about the way people answer to the unknown phone number.
According to the results half of the people answer the phone with a greeting alone. Around
1/3 of the people say their name with or without greeting when they answer the phone.
4/5 Finnish people only say their name and over 70% of the English-speaking people
answer with only a greeting.

4.3 Dialplan for AMD
The dialplan is the core of Asterisk. For every channel that goes into the Asterisk system,
it will first go through dialplan and from there, the dialplan determines the destination
path of that network.
As explained in the literature review, Asterisk has its own dialplan syntax and can be
stored in a file named /etc/asterisk/extensions.conf. The current dialplan written is just
about the analyzation process of the call that goes to AMD. To create a real case system,
where the agent queue is configured, and the robot is active (the automatic dialler which
call the contacts one after the other) is out of this thesis scope.
exten => s,1,Answer()
exten => s,n,AMD()
exten => s,n,GotoIf($["${AMDSTATUS}" = "HUMAN"] ? human :
machine)
exten => s,n(machine), Set(AMDSTATUS=MACHINE)
exten => s,n,Playback(asterisk-friend)
exten => s,n,Hangup()
exten => s,n(human),Set(AMDSTATUS=HUMAN)
exten => 200,n(human),Verbose(3, We've got a human on the
line!)
;exten => s,n,Dial(SIP/bob)
exten => s,n,Playback(im-sorry)
exten => s,n,Hangup()
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From the literature review, it can be understood that the first entry in any extension is
always the number or the name of the caller. The call might come from a PSTN or from
another SIP extensions (as in our case). The s extension represents all the numbers or
names, meaning that all the calls can go through that dialplan. It was possible to use 200
instead of ‘s’, but for having a general dialplan it was decided to put ‘s’ as the first
entry.
The commands are similar at what it was first used to set the AMD up and running. The
line with a semicolon in front means that it is a commented line which does not affect
the dialplan at all. But, if in the current system, there was a SIP extension with name
‘bob’ it would have attempted to connect to that endpoint and bridge the call. However,
this is just to create an idea of how the call can go to the agent if AMD detects the
recipient as a human.

4.4 Tests and Quality Assurance
A very useful testing tool for running test calls to Asterisk is SIPcmd. SIPcmd is a
command line soft phone that can create or accept calls, it can play WAV files etc.
SIPcmd runs in Linux so it was needed to install Linux (Ubuntu 18) system operation into
a Virtual Machine (VM). In order to get SIPcmd locally, the following command needed
to be run in the terminal: (Sipcmd, 2019)
apt-get install libopal-dev sip-dev libpt-dev

The Fig.17 shows the EBNF (Extended Backus-Naur Form) rules which can be used to
express a context-free grammar. All the letters specified after the := are commands in
sipcmd that correspond to each of the words in the left.
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Figure 15 The EBNF definition of the program syntax

To understand how sipcmd works, here is a sequence of steps that basically show what
sipcmd is able to create.
"l4;c333;ws3500;d456;w200;lthrice;ws2000;vprerecord;rsi5000f.out;j3lthrice;h;j4"

In human language, the sequence above means:

1. do this four times:
2. call to 333
3. wait until silent (max 3500 ms)
4. send dtmf digits 456
5. wait 200 ms
6. do this three times:
a. wait until silent (max 2000 ms)
b. send sound file 'pre-record'
c. record until silent (max 5000 ms) to files 'f-[0-3]-[0-2].out'
7. hangup
8. wait 2000 ms
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For creating the calls from sipcmd to asterisk server, the authentication had to be done
and then a simple sequence can create the call. The figure below, shows the connection
done to the extension 100 and a call is being made to extension 200. Because of the
dialplan written in the extension_custom.conf, once a call has been made it goes directly
to ‘answering’ mode and the ‘hello.wav’ recorded file is being played.

Figure 16 SIPcmd terminal command to create a call

Considering the dialplan, that is explained in chapter 4.3, the recording goes through
AMD where 3.5 seconds of the recording are analyzed. “hello.wav” recording file is taken
from live answers that are done to real people. Similarly, more recordings are taken from
real-time human answers and other more recordings are taken from answering machine
responses. The recordings have been played to Asterisk once the call has been answered.
At this phase, the interest is to make AMD detect correctly all the audios that go through
it. Based on this, the amd.conf file has been modified.

The Fig.19 is the response of AMD when a voicemail is played. Three words have been
detected, the silence duration has been long enough (28 and 20) for the strings to count
as words.
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Figure 17 Answering Machine Detected – 3 words

Figure 18 Answering Machine, words count = 4 in 3.5 sec

Fig.19 shows also an answering machine detection, but in this case AMD considers the
total silence as an Answering Machine.

Figure 19 Answering Manchine detected - total silence
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The Fig. 20 and Fig 21 show the Human detection. The recorded file played in these
cases, were “a greeting -hello” and “name surname”. The silence after the first greeting
has been achieved (1500 s), hence the AMD thinks that the answered call is a human.

Figure 20 Human detected – greeting (hello) - after greeting silence achieved

Figure 21 Human detected - name surname - after greeting silence

Many test cases have been done similarly and the parameters’ values have been changed
accordingly. In the chapter 5 a detailed explanation is given.
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5 RESULTS AND DISCUSSION
In this thesis we have created an improved artifact of the Asterisk AMD configuration
file that is both more accurate and faster to detect whether a call is answered by a
human or machine. Improved configuration has been done according to the following
rules:

For a higher accuracy and a faster detection, the maximum analyzation time has been
decided to be 3.6 seconds. If the analyzation time will be smaller, for example only two
seconds, that might increase the risk of detecting a live human as an answering machine.
It might also not play its main functionality well. Meaning, that voicemails will be
transferred to the agents, which will cause the time consuming and a poor agent
productivity. Besides, this might lead to customer unsatisfaction if the call is ending as
result of wrong detection. On the other hand, the customer unsatisfaction might also get
achieved if the analyzation time is too long and no response has been given to their
greeting. In the literature (Jucay, 2020), it was advised to set a background noise such
might be, a small cough during the analyzation time, with the aim of letting the customer
know that soon somebody is going to answer the phone and keeping them on the line.
This can be done in the dialplan creation when the AMD technology gets integrated into
the software. Considering the initial silence time, the greeting time, and the waiting /
silence time after greeting, the average of 3.6 seconds analyzation time was considered
as an optimal solution.

The silence threshold is the amount of background noise in the live stream or local
recording audio. It represents the average magnitude per sample in the audio packets. In
the amd.conf file a value between 0 to 32767 should be set as an average level of noise.
If the sound tones are below the threshold then they are interpreted as silence and above
the threshold it is considered as speech. The initial default “silence threshold” of asterisk
is 256. If the “silence threshold” is set to a high value, then the portions of speech may be
interrupted. If a low value is set, it might happen that the background noise could be
considered as speech. However, the value of the silence threshold has not been changed
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because none of the tests showed any mismatch between the audio played and the AMD
detection.

It was noticed that greeting had a significant role for the AMD application. Initial silence
is the time used by the recipient when they pick up the call plus the time taken from them
before starting to talk. An interesting observation was that the initial silence had a large
variety, from 80 ms to 2500 ms. Judging by that, if the maximum silence is reached, the
AMD would detect the answered call as machine. For this reason, it has been decided to
increase the initial silence with 200 ms from the original one. However, there might be
cases where the customers do not say one word to the unknown phone numbers, and they
wait for the caller to talk first. In a case like this the AMD will tell the system to hang up
the call, because an answering machine was detected. But this case will lead to a customer
unsatisfaction. A recommendation would be to consider passing this call to the agent and
let them decide what to do with the answered call. On the other hand, a very repetitive
pattern for the voicemails was the long silence, which was around 3 seconds before the
speech would start. That is why 2.5 seconds was also decided as the most optimal time
for the initial silence.
The “after greeting silence” was also an important parameter to be analyzed. The default
time set from the asterisk for the after_greeting_silence parameter is 0.8 seconds. The
testing showed that it was not a sufficient time for the voicemail to pass the test. That is
because a considerable number of voicemails would also start with a greeting and
following it with a short silence before they continue their speech again. Sometimes the
silence would take more than 1.3 seconds. On the other hand, the human behavior has
been analyzed and studied. It was found that live humans are willing to wait for a response
for around 2 or more seconds after their greeting. Bearing in mind that the total
analyzation time is 3.6 seconds, it was fair and reasonable to increase the
“after_greeting_silence” to 1300 seconds.

The length of the greeting was another critical parameter which helps the AMD to detect
the status of the answered call. The “greeting” parameter is about the length of the
salutation in seconds. The greetings have also similar patterns such as: “hello”, “name”,
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“name + surname”, “both of them” or “how may I help you?”. However, the names or
surnames can be short or long, so would be the greetings in different languages, the length
of them is different. The test showed that different greetings could last for just a few
milliseconds and some others around 2 seconds, hence it was reasonable to increase the
accepted greeting length to 2 seconds.
The other element, which was extremely important, was the “word” detection. With a
simple test, by saying the shortest greetings such as: Hi, hey, moi…etc the time duration
is fairly short. The default length from asterisk of the “min_word_length” parameter was
100 milliseconds. Some voicemail tests were failing because some words were not
counted as such, because they were too short, causing the AMD to count them incorrectly.
Still, even though it might take more than 100 milliseconds (ms) for many words, it can
also take less than that for many more. This was detected in both answering machines and
humans, that is why, it is decided that a voice that lasts for 20ms can be accepted as a
word.
The “maximum_word_length” was changed to 2000 milliseconds. The reason is again
because of the variety of the words, and the different length that they have. Especially the
greetings that are one word only, can last for 2 seconds in many different languages.
Similarly, the tests showed that the minimum duration silence between words could be
20 ms, depending on how fast one can talk.

And last, but not least the maximum number of the accepted words, is decided to be 3. In
the AMD configuration file, “maximum_number_of_words” is set to 4. This means that
3 words will be accepted from the AMD as a live human answering the call and more
than 3, AMD will state the call result as an answering machine. From the survey, 90%
of people will answer to unknown phone numbers with 3 words or less. In addition to
that, 3.6 second analyzation time, it is not a sufficient amount of time for the recipient to
pick up the phone, to say a greeting/name and to tell one or more words after that. The
rules above help in counting the words and making the prediction more accurate.
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The AMD configuration file with the explained rules is presented below.
; Answering Machine Detection Configuration
[general]
total_analysis_time = 3600 (Maximum time allowed for the
algorithm to decide on whether the audio represents a HUMAN,
or a MACHINE.)
silence_threshold = 256 (If the average level of noise in a
sample does not reach this value, from a scale of 0 to 32767,
then we will consider it to be silence.)
; Greeting ;
initial_silence = 2500 (Maximum silence duration before the
greeting. If exceeded, then the result is detection as a
MACHINE.)
after_greeting_silence = 1300 (Silence after detecting a
greeting. If exceeded, then the result is detection as a
HUMAN)
greeting = 2000 (Maximum length of a greeting. If exceeded,
then the result is detection as a MACHINE.)
; Word detection ;
min_word_length

=

20

(Minimum

considered as a word)
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duration

of

Voice

to

be

maximum_word_length = 2000 (Maximum duration of a single
Voice utterance allowed)
between_words_silence =

20

(Minimum duration of

silence

after a word to consider the audio what follows as a new
word)
maximum_number_of_words = 4 (Maximum number of words in the
greeting. If exceeded, then the result is detected as a
MACHINE)
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6

CONCLUSIONS

Answering machine detection (AMD) is a technology that advances the telephony system
in another level. AMD can have a key role in an automatic dialer by filtering out the
answering machines and connecting only the live calls to the agents. However, the
accuracy of this technology is not 100%. In this thesis an improved set of the AMD rules
was proposed. More than 70 answered calls were tested, and the AMD would give the
right decision in around 94% of the cases. The amount of analyzation time was also
decreased to only 3.6 seconds.

For improving the AMD technology, the behavior of the people answering to unknown
phone numbers was studied. Different patterns were found between live answered calls
and the machine answered calls. For live answered calls, it was very often noticed that
the length of the greeting is about three to four words. Also, a long silence after greeting,
is a typical behaviour for real-time humans answering the phone. Thus, for answering
machines, it was typical that the responses are long strings and it is a continuous voice,
without breaks. In this thesis, a response with total silence was never encountered.
However, many companies that are using AMD are considering a silent response as
answering machine. That is why this rule has not been changed for this version of AMD.

Answering machine detection works according to the defined parameters that were found
during the analyzation of humans and answering machines patterns. When the call is first
answered, the number of words and the amount of silence between them, is calculated.
To increase the detection speed, the maximum analyzation time has been decided to be
3.6 seconds. Within this time, AMD analyzes the initial silence time, the greeting time,
the silence time after greeting and the number of words in order to give the detection
status. Additionally, the silence threshold, which is the amount of background noise in
the live stream or local recording audio, is analyzed. If the average magnitude is lower
than 256, the answered call is considered silent.

The tests done in this thesis, showed that the initial silence for live humans answering the
call could be maximum of 2.5 seconds and for the answering machines it will be almost
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3 seconds on average. Hence, if some answered call passes the 2.5 seconds of silence, the
call is treated as an answering machine. The “after greeting silence” is the silence detected
after the greeting. The testing showed that for some voicemails to pass the tests, this
silence should be at least 1.3 seconds. The silence after greeting will be smaller in a
voicemail, because they will not wait for a response, but they continue with their message.
While, for the live calls, the recipients are waiting patiently to get a response from the
other side of the line.

The length of the greeting depends a lot from the used language and the chosen way of
greeting, which is different from people to people. The length of greeting will be different
based on the length of the names or ways of greeting. From the tests, the maximum time
of greeting was around 2000 milliseconds, which was the selected as a value for the
“greeting” parameter. Other than the greeting time, an element which played a big impact
was the analyzation of characteristics of a word. From the tests it was noticed that the
numbers of words counted in a voicemail, similarly as in the human’s live responses,
were not right because some of the words were too short to be counted as words. The
minimum length of the word was decreased to 20 ms to be accepted as a word. The
maximum length of the words was decreased to 2 seconds because of the variety of the
words and the diverse languages. Similarly, the tests showed that the minimum duration
silence between words could be 20 ms, depending on how fast one can talk. Lastly the
maximum number of the accepted words, was decided to be 3. This was based on the
conducted survey and the multiple tests done.

This improved asterisk AMD artifact can be integrated with the automatic dialers so that
the calls can get analyzed. Accomplishing a 100% accuracy in a short period of time is
hard. If the analyzation time would be longer, the detection would be more accurate, but
on the other hand, if the analyzation time is longer, the customer will get irritated and can
hang up the call. The current AMD proposal will decrease the amount of the answered
calls that go to voicemail by more than 94%. There is still a 6% chance where the agent
can receive some answering machines calls, but the AMD will still save a lot of time for
not transferring the other 94%. However, in that small percentage, there is also a chance
that a live human could be detected as an answering machine, and the call would not get
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transferred to the agent. This might create some customer unsatisfaction. The risk that
this will happen is low, but it is, however, existent.

For later consideration, during the literature review it was found out that most of the
companies that use AMD, have an optional choice for the agents. That option is, to leave
an automatic recorded message after the beep when the answering machine is detected or
just hung up the call. This is somewhat a very efficient method as the agent is not using
any time to introduce to the customer the products they are selling. In the other hand it
makes the sales easier because, if the agent gets a call back from some customer that has
gotten the voice message, that client can be a very potential buyer. Something like this
can be included later into the artifact presented in this thesis.

In the literature review, it was found out that some companies use some kind of
background noise during the analyzation time. This can be a cough or some “clearing a
throat” noise that will let the customer think that very soon someone is going to talk. This
trick will keep the customers on the line even thought there might be some delay on the
response. This can be done in the dialplan creation when the AMD technology gets
integrated into the software.

The companies that are going to use AMD in their telephone software will have to train
their agents to answer immediately to the calls that go to them. The analyzation time is
going to be 3.6 seconds, meaning that the agent is not going hear the greeting from the
customer, meaning also that the time for the customer to still wait without a response, is
almost up. The agents should be vigilant, and they should be trained to have fast reactions
to answer the calls.
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APPENDIX 1. Results from the Survey
Survey conducted on “How do you answer to unknown phone number?”

Results of Survey for Finnish people:

(continues)

Results of Survey for people from Sweden, Norway, Germany, Spain, Netherland and other:

