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Abstract 
This paper presents a platform for processing audio data of call 
centers to obtain statistical information on the telephone call. 
The system computes several metrics of the audio and speech 
to define a representation of the call flow, the audio quality, and 
the paralinguistic performance of the call. This way, it can 
model the behavior and feelings of the agent and customer 
involved in the conversation. This solution applies to many 
industries such as call centers, social communities, metaverse, 
customer identifications, online and offline meetings, etc. In 
summary, the platform leverages an already trained artificial 
intelligence business network to get non-verbal communication 
information from audio. This information translates into 
valuable business insights for further decision-making.  
Keywords: audio and speech analytics, call center, sonoc  

1. Introduction 
Nowadays, most human audio extraction done by call centers 
and other 3rd party businesses are focused on transcriptions. 
Based on Albert Mehrabian’s nonverbal communication 
theory, 7% of total communication is verbal liking, 38% is 
vocal liking, and 55% is facial liking [1,2]. Remove the facial 
cues from an audio-based communication, it turns into that 
from every call, up to 85% of precious information is loss. So, 
beyond the transcription, the audio data is an undoubted source 
of valuable information for a call center business.  
This paper presents a platform for computing audio and speech 
analytics in call centers. We propose a system that computes 
different parameters of the audio available in a call center, as 
well as several statistical functions over them. It aims to obtain 
a representation of the call flow, the audio quality, and the 
paralinguistic performance of the call. With these metrics, the 
system is able to model the behavior and feelings of the agent 
and customer involved in the conversation. In the end, the non-
verbal communication information from audio translates into 
valuable business insights for further decision-making. 

Multiple industries could benefit from this type of technology 
to improve the performance of the business scheme. As an 
example, call centers use to record phone conversations for 
randomly choosing some conversations of a campaign and 
analyze what happened as part of the quality process. However, 
the quality process is mainly based on randomly listening to 
some calls of the whole call center or selected persons because 
it is impossible to listen to all audios. Other examples are voice-
based communities, such as gaming or social. They employ 
considerable amounts of money to detect incorrect behaviors 

of their members. This kind of solution can help to trigger 
automated action that reduces human intervention.  

2. Applications 
These are some examples where this technology could be 
applied to create value for the customer: 

• Call centers: profile customer and user agent 
based on its vocal features, which can open new 
possibilities to match the customer with the best 
agent based on these metrics in order to help to 
increase conversion or net promoter scores. 

• Communities / Metaverse: identify “trolls” and 
bad language expressions that can offend other 
members. It can be used also to identify 
members’ emotions. 

• Biometric identification: use the voice as an 
authentication layer. 

• Online meetings: get information about 
participants’ level of engagement as a function 
of attendees and who they are. 

• Speech detection: detect speech activity, silence, 
music, or other backgrounds to get real-time 
information when audio is disrupted. 

3. System 
SONOC, Biztribution, and ViVoLab are continuously 
improving a solution able to dive into vocal insights to retrieve 
valuable information for every speaker in a conversation. 
Figure 1 depicts the platform architecture. 
 

 
Fig 1: System scheme  
When an audio signal from a telephone conversation gets into 
the system it goes first through a Voice Activity Detection 
(VAD) algorithm that marks speech segments [3]. This feeds a 
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Diarization method [4], that defines the speech segments 
uttered by the agent and the customer. In the following, audio 
from the agent and the customer are processed separately. Next, 
the audio representation consists of three sets of metrics: 1. Call 
flow, 2. Quality, and 3. Paralinguistics. The first module 
includes metrics that describe the flow of the telephone call, 
including the duration of the whole call, the silence, the 
agent/customer speech, and the time between interventions. The 
second module describes the audio quality including metrics for 
signal-to-noise ratio [5], loudness, and artifacts such as DTMF 
and other tones, micro-cuts, and saturation level. Finally, the 
third module includes metrics for the speaking rate and 
intonation. All these metrics are further described using 
statistical functionals such as mean, standard deviation, and 
percentiles. 
Based on statistical analysis, the application is built via 
independent modules that exchange information among them. 
To achieve this, an artificial intelligence network has been 
trained to identify the different non-verbal metrics that endow 
the corresponding business units. The system is able to process 
in parallel the amount of audio and speech data the company 
provides, usually thousands of audios. Finally, the metrics can 
be used to generate reports with a summary of useful 
information considering the business characteristics. In 
function of the information and business needs, the platform 
can show the processing in real-time using a virtual mic able to 
record online. See an illustration of the platform in Fig. 2. 
 

 
Fig 2. Application screenshot where participants were properly 
identified and audio transcription is shown in real-time at the same time 
as nonverbal metrics. 

4. Call center example 
Table 1 presents an example of an interaction flow in a call 
center using the proposed solution. Based on contextualized 
transcription, the system will be able to understand emotions 
from a key part of the conversation in order to point to potential 
next steps such as retargets that have better chances of success. 
 
Table 1: Interaction flow diagram 
 

Agent Customer Computer 

Good morning, Ms. 
Xxx How are you? 

 Non-relevant. 
Normal voice 

 Good morning, how 
can I help you 

Non-relevant. 
Normal voice 

We are making a 
special promotion 
about XXXX 

 The computer 
identifies keyword 
(start 
contextualized) 

 I’m busy at this 
moment 

Pitch detection 

Can I call you later?   

 Yes, why not… Pitch detection 

Thanks   

 

5. Conclusions and Future 
We presented a platform for audio and speech analytics in call 
centers. The system is able to model the behavior and feelings 
of the agent and customer involved in the conversation by 
means of a representation of the call flow, the audio quality, and 
the paralinguistic performance of the call. This solution is 
applicable to many different industries because information 
extracted from audio could be translated into highly valuable 
business insights for further decision-making. 
So far, the project is in the first stage. Once the voice is profiled, 
we expect to train additional networks in order to understand, 
for example, whether the speaker is angry or happy in critical 
parts of the contextualized conversation. This contributes to a 
better understanding of customer engagement. Actually, this 
network will allow us to compare his behavior vs. him/herself 
and vs. other people that share a similar situation. Beyond 
understanding whether the call was on average successful or 
not, this will help to comprehend, which parts of the 
conversation were more or less engaged based on its 
contextualized transcription. This will bring new possibilities to 
create retarget ad-hoc campaigns or understand whether the 
customer was comfortable or not while interacting with other 
community members. In all cases, human intervention will be 
minimized, because the solution will be able to address the right 
targets for every business need. 
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