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Executive Summary 
 
 
With ever increasing communications and the decreasing costs of mass storage 
huge quantities of data from a variety of sources are being recorded. The result is 
that most organisations do not have sufficient manual resource to analyse the 
recorded data and may be missing vital information and intelligence. Best in class 
audio analytic tools allow rapid identification of important information that may be 
buried within thousands of hours of these recordings. Whether you are searching for 
a word, a phrase, a person or just trying to understand complex relationships audio 
analytics can greatly enhance your operational capability and save significant costs. 
However these technologies only produce effective results in certain scenarios. 
 
This paper reviews when various data mining technologies such as key word 
spotting, text to speech, speaker identification, language identification, should be 
used to achieve the best results. The paper reviews the practical factors that affect 
the success of these analytic technologies and demonstrates that data collection, 
classification and analysis needs to be considered as an integrated end to end 
process. 
 
The paper also discusses practical ways in which Supervisors and Managers can 
use this knowledge to maximise manual and automated resources. 

 
Audience 
 
This paper is relevant to Supervisors, Managers and Analysts who need to maximise 
manual and automated resources and are seeking to improve operational 
capabilities. 
In particular it is relevant to those responsible for recording solutions and whose 
budgets are weighed down by the labour costs of either trawling through thousands 
of hours of recordings or transcribing thousands of hours of audio data. 
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1.0 Introduction 
 
1.1 Understanding the recording environment 
 
Situations such as surveillance and lawful intercept benefit significantly from modern 
digital audio recording. Recording solutions can record a variety of different media for 
tens of thousands of hours. Depending on the environment, the recordings may be 
continuous or may be triggered by certain conditions. For example, a surveillance 
recorder may record everything or may be triggered by the amplitude of the signal. In 
a telephony environment, call recording may be triggered by vox, the handset being 
uncradled (on hook / off hook detection), keys being dialled or, in VoIP, through call 
initiation packets. These situations are best described as uncontrolled environments; 
analysts have no control over the content of the recordings. 
 
Typical questions that may be asked are: 

 “Is there a security threat?” 
 “What was said?” 
 “Who is that?” 

 
Existing commercial packages offer audio mining in controlled environments. For 
example, many cinemas now have automated telephone booking. This prompts 
users to speak from a very restricted vocabulary set and allows words to be re-
spoken if they cannot be interpreted with confidence. Another form of commercial 
software that has received mainstream attention is that of the dictation package used 
as an alternative to typing documents on the home PC. In this case, significant 
amounts of training data are used to teach the software about the user’s voice; the 
training process needs to be repeated for each new user. 
 
In uncontrolled environments, these methods for data mining and not effective. 
Sophisticated analytical tools that have been designed for uncontrolled environments 
are required and these need to be integrated with the recording process to be 
effective. Without proper integration, false negatives can lead to incorrect decisions 
and false positives can lead to wasted time and effort. However, with proper 
integration and the correct tools used in the appropriate situations, analytical tools 
can enhance operation capability whilst significantly reducing manpower in the 
following markets; 
 

 Courtrooms 
 Air traffic control communications 
 Lawful Intercept by Law Enforcement Agencies 
 Police and Immigration interviews 
 Emergency Services command and control positions 
 Surveillance by Law Enforcement Agencies 

This paper is based upon AudioSoft’s experience of investigating all the different 
available audio analytics tools on the market and applying the best of breed tools to 
real data from customers in the above market places. 
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1.2 How we can analyse recordings to elicit information about conversations 
 
As well as parameters of the recording (such as start time, end time, duration, 
channel, field information) any conversation has the following characteristics: 

 Conversation parameters: Start time, end time, duration, speaker 1, speaker 2 
(optional, and also possibly speakers 3, 4, etc) 

 Diction: Words and sounds that are spoken by each speaker (though they may 
overlap), including proper nouns and dialect(s) 

 Speech characteristics: Language(s), accent(s), emotions 
 Background noise 

 
Only the recording parameters and conversation parameters are assumed to be fixed 
and absolute. Words, accents, languages are all subject to change and interpretation 
(the speaker may not even know himself what words with what accent in what 
language has been spoken). Each speaker has their own characteristics, which may 
have a causal relationship with the speech characteristics. For example, the place of 
birth of the speaker and their education will have a significant causal relationship on 
the language, dialect, accent and vocabulary used. 
 
In most situations an analyst, whether recording covertly or overtly, will know some 
but not all of the above information and will seek to enhance their knowledge of the 
above information in order to answer the questions that they face. With all but the 
recording parameters and conversation parameters, perfect knowledge is not 
possible so we seek to assign the best information we can to these characteristics. 
 
By assigning information to the characteristics of conversations/recordings and using 
an effective search one can find relevant conversations, interpret the information 
presented and then make a decision. The next sections describe some of the tools 
that can be used to help with this. 
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2.0 Voice Detection 
 
One of the core tasks in all speech processing is identifying the presence of speech 
or voice in a signal. In most cases it is important to identify the starting and ending 
points of voice to allow further analysis. The voice component of a signal is a slowly 
time varying waveform that can be considered stationary in a short period of time 
(usually 5 to 100 ms). When an audio signal is broken up into frames (typically 
10ms), this slowly varying property of voice signals, enables the classification of 
frames as noise or voice based on whether they can be modelled as short-term 
stationary processes. 
 
In environments where there is reasonably good audio quality with little background 
noise or crosstalk, voice detection is relatively straightforward using standard 
algorithms that have been widely published in the literature, e.g. [1], [2]. There is a 
huge number of academic papers published comparing different algorithms, the 
simpler ones take account of the zero-crossings and the amplitude of the temporal 
signal, to detect the lower frequencies and higher amplitudes of voice segments 
when compared to noisy frames. 
 
In noisy environments where the Signal to Noise Ratio is lower, research is ongoing, 
e.g. [3]. More sophisticated algorithms are based on spectral characteristics such as 
the energy contained within certain frequency bands within a certain time frame. 
 
These algorithms can perform better than standard algorithms in environments where 
audio quality is poor, levels are either too quiet or clipped and where there can be 
large levels of background noise. 

 

 
..Benefits & Features………………………………………………………………….. 

 
 Detect speech in recordings that are primarily noise; reduces manpower 

costs and avoids missing key sections of speech 
 

 Mature technology allows relatively simple implementation 
 

..When can this tool be used? 
 

 When speech is interspersed with large gaps, where users currently 
manually search for data i.e. surveillance and lawful intercept solutions 

 
 When searching for data in recordings from noisy environments 

 
 Used as a pre-processor for automated speech to text tools, thereby 

reducing the amount of data that needs to be processed. 
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3.0 Automated Speech Transcription 
 
Audio and video recordings from situations such as courtrooms, interviews, lawful 
intercept and surveillance now often need to be recorded because of legislation and 
transcripts produced to give an accurate record of proceedings. Currently the 
recordings are manually transcribed by human operators listening to the audio and 
typing in the speech as text. The goal of automated speech transcription is to 
automatically turn an audio recording of speech into an accurate transcription of that 
speech to reduce the time taken to perform this transcription and the manpower 
costs involved. To be effective in the uncontrolled environments under review in this 
White Paper that the solution must be speaker independent, require no training and 
produce minimum transcription accuracies of 50%. 
 
The three main types of automated transcription are: 
 

3.1 Grammar constrained recognition 
 
Grammar constrained recognition works by constraining the possible recognized 
phrases to a small or medium-sized formal grammar of possible responses, which is 
typically defined using a grammar specification language. This type of recognition 
works best when the speaker is providing short responses to specific questions, like 
yes-no questions; picking an option from a menu or selecting an item from a well-
defined list. The grammar specifies the most likely words and phrases a person will 
say in response to a prompt and then maps those words and phrases to a token, or a 
semantic concept. For example, a yes-no grammar might map "yes", "yeah", , "sure", 
and "okay" to the token "yes" and "no", "nope", and "nuh-uh" to the token "no". If the 
speaker says something that doesn't match an entry in the grammar, recognition will 
fail and typically in commercial applications, the respondent will need to repeat 
themselves.  
 

3.2. Natural language recognition 
 
Natural language recognition is another type of system found in commercial use and 
much research is being carried out in this field. Natural language recognition uses 
statistical models. The general procedure is to create as large a corpus as possible 
of typical responses, with each response matched up to a token or concept. In most 
approaches, a technique called Wizard of Oz is used. A person (the wizard) listens in 
real time or via recordings to a very large number of speakers responding naturally to 
a prompt. The wizard then selects the concept that represents what the user meant. 
A software program then analyzes the corpus of spoken utterances and their 
corresponding semantics and it creates a statistical model which can be used to map 
similar sentences to the appropriate concepts for future speakers. The obvious 
advantage for call centres of natural language recognition over the grammar 
constrained approach is that it is unnecessary to identify the exact words and 
phrases. A big disadvantage, though, is that for it to work well, the corpus must 
typically be very large. Creating a large corpus is time consuming and expensive.  
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3.3. Dictation 
 
In the Dictation approach, software is used to transcribe someone’s speech, word for 
word. Unlike grammar constrained and natural language recognition, dictation does 
not require semantic understanding. The goal isn’t to understand what the speaker 
meant by their speech, just to identify the exact words. However, contextual 
understanding of what is being said can greatly improve the transcription. Many 
words, at least in English, sound alike. If the dictation system doesn’t understand the 
context for one of these words, it will not be able to confidently identify the correct 
spelling and will thus either put in an incorrect word or an absence of a word. Market 
leading software can use grammatical rules to clarify, which of two phonetically 
identical words is meant. 
 
The models we consider in this white paper are dictation based since this is the most 
appropriate method of the three for the applications being considered. The models 
assume no prior knowledge of speaker identification or any training data, i.e. they do 
not require a speaker to have already spoken any words to train the software. They 
do, however, require various conditions to be fulfilled: 

 The speech needs to be located in the audio file. Speech recognition is described 
in Section 2. 

 The language of the speech needs to be known or the language needs to be 
identified as per Section 4. 

 The signal-to-noise ratio needs to be sufficiently high for a meaningful 
transcription to be achieved. This is now discussed further. 

 
If a human operator struggles to make out the speech then an automated 
transcription algorithm will fare little better. The metric we shall use for transcription 
accuracy is the Crampin Index, a modified version of the NIST criteria, as described 
in Section 14.0 Appendix. 
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Figure 1: Transcription Accuracy as a function of Signal-to-Noise ratio 
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It can be seen from Figure 1 that, as a general rule, transcription accuracy increases 
linearly with signal-to-noise ratio. This is to a maximum of 80-90% accuracy 
depending on the models and vocabulary set used. 
 

3.4 Issues that complicate transcription: 

3.4.1 Poor audio quality  
Even when recorded files are of broadcast quality, the actual audio content can be 
poor, due to signal noise, ambient noise interference, microphone location/quality, 
reverberation and echo. 

3.4.2 Strong regional accents   
Some pieces of audio are unintelligible to humans as well as computers.  

3.4.3 Very fast speech, drunken/drugged speech  
Most transcriptions systems have issues when speech is so rapid or slurred that 
boundaries between words become indistinct (segmentation problems) 

3.4.4 Non standard patterns of speech 
If the speaker uses words that are out of the transcription system’s vocabulary it 
cannot recognize them. If the words are in the vocabulary but used in a non-standard 
context it may either fail to recognize them or it may simply slow the transcription 
process down depending on the situation. 

3.4.5 “Cocktail party effect” 
This is the name given to the effect that even humans have difficulty listening to 
recordings made using one microphone with more than one person speaking at 
once, a typical scenario of which is a social gathering such as a party, though it is 
also a common scenario in other settings such as recordings of meetings where 
people tend to interrupt and talk over each other, and where there may also be other 
typically quieter sub-conversations taking place at the same time.  
 
Noise filtration can make small improvements to issues 3.4.1 and 3.4.5 as shown in 
Figure 1. However although the use of filters can improve the human intelligibility in 
some circumstances artificial artefacts can be introduced resulting in a reduction in 
transcription accuracy. 
 
Language optimisation can make significant improvements to issues detailed in 
3.4.2, 3.4.3 and 3.4.4 as shown in Figure 1. By varying the vocabulary set to suit the 
situation, one can improve transcription accuracy. For example, in air traffic control 
situations, the phonetic alphabet (alpha, bravo, charlie) is used commonly and so the 
expected probability of these words is increased. Appropriate language sets can be 
implemented depending on both language and dialect. Automated language 
detection is discussed more in Section 4. 
However language optimisation is a labour intensive operation and typically requires 
10 hours of labour per audio hour.  
 
3.4.6 Speakers talking over each other 
 
In order to accurately analyse a conversation it is important to be able to distinguish 
each speaker from the other(s). In the simplest case of a monologue no 
segmentation is required. In more complex cases, segmentation can be achieved by 
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taking into account voice characteristics (such as speed, pitch, accent, vocabulary, 
dialect); this can generally be achieved through automated techniques though 
accuracy is not necessarily perfect – two people talking at the same time can cause 
problems with automated (and manual) transcription techniques. 
 

 

 
..Benefits & Features………………………………………………………………….. 

 
 In environments with reasonably clear speech, turns speech into text with 

an accuracy that facilitates easier transcription. 
 

 Can significantly reduce the manpower taken to transcribe recordings. 
 

 One can typically achieve approximately real time (1:1) transcription, 
depending on the model chosen and the quality of the audio file 

 
..When can this tool be used?…………………………………………………………..... 

 
 When speech from a relatively noise-free environment needs to be 

transcribed to significantly reduce the costs of manual transcription, e.g. 
Lawful Intercept, Surveillance, Interview situations, courtrooms. 

 
 When a summary of subject content within a recording (gisting) is needed. 

 
 When a piece of intelligence may require thousands of hours of recorded 

data to be analysed. 
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4.0 Key-word spotting 
 
Key-word spotting can be viewed as an addition or alternative to automated 
transcription described in Section 3. The aim is to prioritise a large number of 
recordings for review by a human operator or based on the occurrence of one or 
more key words or phrases, thus improving: 

 The speed with which high-importance recordings are accessed 
 The operational capability by increasing the amount of recordings that can be 

accessed 
 Identifying which recordings need further analysis (either manual or automated). 
 As an alternative to when transcription is either not necessary or not possible (at 

least automatically) due to the issues described in Section 3. 
 
As an example, consider a surveillance or lawful intercept recording situation where 
the signal-to-noise ratio is relatively low, since the speakers will not be speaking 
directly into microphones and one needs to find the few important sentences of 
speech in thousands of hours of speech, noise and silence.  
The two main approaches to Key Word Spotting are: 
 
1. Large Vocabulary Continuous Speech Recognition. A large vocabulary Continuous 
Speech Recognition (LVCSR) engine is used to output text transcribed from speech. 
A textual search is then performed to search for the key words. 
 
2. Phoneme Recognition based key word spotting. Speech is first broken down into 
phonemes, the basic elements of speech (such that several phonemes make a 
word). The software then matches sequence of phonemes that are phonetically 
identical to the key words. A similar approach can perform the key word spotting in 
one stage by searching through the transcripts for the key words or phonetic 
equivalents to them. 
 
For the requirements under review in this paper, option 2 offers the best solution. 

 
 

 
..Benefits & Features………………………………………………………………….. 

 
 Highlights recordings that should be prioritised for further analysis 

 
 Effective in even when the signal to noise ratio is poor 

 
 Phonetically identical words can also be identified (e.g. shore/sure) 

 
 Can process up to 10x real time speed. 

 
..When can this tool be used?…………………………………………………………..... 

 
 As an aid to human operators by prioritising the order in which recordings 

are considered by the human operator 
 

 When searching for a key word or phrase only. 
 

 As a pre-processor before deciding whether recorded material warrants 
further analysis 
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5.0 Textual searches of transcripts 
 
To make effective use of transcripts created by any process, whether transcribed by 
humans or by machine, there needs to be efficient ways of searching and 
categorising the textual information contained within a transcript. 
 
However pure text string searching is unlikely to be of great use due to the flexibility 
of the way spoken language is used; instead a textual logic toolkit can: 

 Find words with the same root as the search term e.g. searching on "drive" would 
find "drove", "driven" and "driving" too. 

 Find synonyms of the search term e.g. "dog" would also find "hound", "mutt", 
"spaniel" and "lassie" 

 Allow for searches which contain words (and stems and synonyms) in association 
with each other, e.g. a search for “drive NEAR airport” should find “drive to the 
airport” and “drove back from Heathrow” but not drive on one page and airport on 
the next. 

 Undertake phonetic searching, allow for the spelling independent searching of 
transcripts for particular patterns of phonemes, e.g. searching for “recognise 
speech” should match “wreck a nice beach” 

 
However textual search of transcripts does require manual effort in order to input all 
the data.  
 

 

 
..Benefits & Features………………………………………………………………….. 

 
 Database tools can be used to further enhance transcription or key word 

spotting capabilities. 
 

 A combination of language capabilities are available to find similar words 
easily 

 
..When can this tool be used?…………………………………………………………..... 

 
 To enhance automatic transcription and key word spotting, so that one 

can easily search for a subject of interest without having to specify a 
multitude of different variants of the same word 
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6.0 Language Identification 
 
The goal of language identification is to automatically segregate audio data into 
identified languages. This would enable appropriate processing of audio data, 
whether this is to specify which model an Automatic Speech Recognition system 
should use to transcribe a file, or to flag the file for transcription by an appropriately 
skilled human transcriber, or to indicate that the file is of a profile that warrants further 
evaluation and should be prioritised above others for action. 
 
A combination of language identification, vocabulary models, automated transcription 
and automated translation can be used in complex scenarios but careful attention 
should be paid to the loss of accuracy at each stage of the processing. For specific 
requirements consult your audio analytics provider. 
 

 

 
..Benefits & Features………………………………………………………………….. 

 
 Language identification can quickly inform the analyst of the languages 

being spoken in different recordings (or in the same recording if the 
language changes) 

 
 Language identification allows the appropriate language model to be used 

for transcription or key word spotting or for the appropriate analyst to 
review the document 

 
 Can alert analysts when the language being spoken in a conversation 

changes 
 

..When can this tool be used?…………………………………………………………..... 
 

 Language identification can be used in situations where the language is 
variable to infer information about the recording 

 
 Language identification makes the transcription process easier in 

environments such as immigration or police interviews 
 

 In a lawful intercept environment, language identification can provide 
valuable information about the content of recordings  
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7.0 Speaker Identification 
 
The aim of Speaker Identification is to output the identity of the person most likely to 
have spoken that speech from a known population. Speaker identification is primarily 
used within audio analytics to differentiate multiple speakers when a conversation is 
taking place and to identify an individual's voice based upon previously supplied data 
regarding that individual's voice. 
 
Speaker identification may be aided by prior knowledge (e.g. an analyst recognising 
a voice), through recorder information (e.g. CLI or DDI information being logged with 
a call) through someone identifying themselves by saying their name or through 
comparing the voice print against a known database of speakers (this is often also 
called voice biometrics). This last method is often automated, for which the voice 
print (a unique biometric of a person’s mouth, nose and larynx) is enrolled through 30 
seconds or more of audio data. These different methods may be used independently 
or combined depending on the application. In each case we are trying to ascertain 
information about the speaker, if not their identity then their gender and age. Speaker 
identification should be independent of medium (e.g. landline, microphone, mobile, 
VoIP), language and diction in the applications we consider. 
 
The performance of Speaker Identification naturally decreases as the population size 
increases. 
 
Test and reference patterns (i.e., acoustic features associated with a person’s 
speech) are extracted from speech utterances statistically or dynamically. Various 
statistical acoustic features may be used in a matching stage. The comparison in the 
matching stage is performed using fairly complex statistical maths, typically 
probability density estimation or by distance (dissimilarity) measure. After 
comparison, the test pattern is labelled to a speaker model at the decision stage. 
 
Two modes for Speaker Identification are the text-dependent and the text-
independent. In the text-dependent mode, utterances of the same text are used for 
training and testing. Time alignment is needed for this mode. In the text-independent 
mode, training and testing involve utterances from different texts. Much more speech 
utterance is needed for this mode to increase accuracy. Statistical features are better 
for the text-independent case. Unless one can guarantee that recordings would 
always feature a particular piece of text (e.g. a radio call sign, commonly-used slang, 
a reference to a deity or similar frequently quoted piece of text), one is reliant on text 
independent mode though this is less accurate. For the purposes of the uncontrolled 
environments under review in this White Paper, text-independent speaker 
identification will be considered. 
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..Benefits & Features………………………………………………………………….. 

 
 Speaker identification distinguishes different speakers to allow partitioning 

of conversations, making interpretation of conversations easier 
 

 Text-independent speaker identification can alert analysts when a person 
of interest (from an existing database) is speaking 

 
..When can this tool be used?…………………………………………………………..... 

 
 Speaker identification can be used as an aid in any recordings where 

multiple speakers are being recorded on the same channel 
 

 In lawful intercept/surveillance situations, a database of speakers can be 
used to match with the speakers from the recording, although the 
accuracy of such techniques depends on the size of the database and the 
amount of speech available 
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8.0 Auto Gisting 
 
The aim of auto gisting is to output is to extract key sentences (highlights), show the 
key phrases in context and provide a summary of the document. 
 
The text from a transcribed recording (See Section 3) is fed to the auto gisting 
software. A sequence of words with their attributes is extracted from the text 
according to linguistic rules and specified dictionaries. Semantic analysis is 
performed with the help of neural network technology. The software creates a 
knowledge base that contains all the information about the text structure, which 
serves as a basis for carrying out retrieval and analysis functions requested by the 
user. 
 
Auto gisting products can deliver functionality such as: 

 A list of the most commonly used words and phrases in their original context 
 Word stemming and transforming to a generic form  
 A frequency-based dictionary of concepts from the text (including words and word 

combinations) 
 A filtration of words from a given stop list 
 Lists of words semantically related to the selected words in the investigated text  
 Numerical evaluation of the semantic significance of different concepts, and the 

weights of relations between these words, in the investigated text  
 
In more complex situations the gist can be found through a careful combination of 
“techniques in speech recognition, speaker identification, natural language analysis 
and topic statistical classification” [5]. In these situations, complex language models, 
including phonetic and grammatical understanding, are required to facilitate high 
accuracy. 

 

 
..Benefits & Features………………………………………………………………….. 

 
 Auto gisting can summarise recordings by pulling out several key 

sentences and words, allowing quick comprehension of the content 
 

 The most commonly used words and phrases are highlighted and their 
context is given, thus allowing prioritisation of calls quickly and efficiently 

 
 Traffic light-based system can be implemented to prioritise recordings for 

further human analysis based on key criteria 
 

..When can this tool be used?…………………………………………………………..... 
 

 Auto-gisting can be used to prioritise recordings where the content is 
previously unknown based on the gist (or general meaning). For example, 
in telephone conversations. 

 
 Auto gisting is a maturing technology that is likely to provide future 

benefits in conjunction with other audio analytics. 
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9.0 Audio Analytics – Collection, Classification to 
Analysis  
 
The effectiveness of the audio analytic technologies described in this document are 
hugely dependent upon the characteristics of the recorded data. These 
characteristics in turn affect which technologies will be applicable and the results they 
can produce. 
 
Therefore it is vital that the characteristics of the recordings are classified, either in 
real time or part of a post processing operation.  
 
In a real time scenario classification process can be used to improve the quality of 
the recordings by, for example, adjusting the signal gain to reduce clipping or 
increase the amplitude. 
 
These characteristics are then saved as meta-data and can include: 

 An estimate of a signal to noise ratio of the audio data 
 An estimate of a length of speech content in the audio data 
 Detection of periods of silence in the data 

 
The meta-data can be displayed to a user or used to determine the next step of the 
analysis or used as part of an automated workflow process to route the data to; 

 Automated transcription 
 Key Word spotting 
 Language identification 
 Contextual search 
 Human analysis 

 
By adopting such an approach automated audio analytic technologies will only be 
applied to data when they will produce effective and meaningful results. 
 
This approach therefore relies upon a flexible server farm resource. For instance this 
week’s operation may lend itself to 5 servers automatically processing speech to text, 
with another 3 undertaking key word spotting and another 2 undertaking speaker 
identification. The following week may require a completely different approach if for 
instance the signal to noise ratio drops below a threshold resulting in 8 servers being 
used for key word spotting and the other 2 for speaker identification. 
 
A flow-chart for the process from collection through classification to analysis is 
included in Figure 2. 
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Figure 2: The process from collection through classification to analysis 
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10.0 Recommended Solution: 
 
It is recommended that analytical tools form part of an end-to-end process and are 
considered with the recording solution. The table below describes what analytical 
tools are appropriate for different situations: 
 
 
 V

oice D
etection 

A
utom

ated speech Transcription 

K
ey w

ord spotting 

D
atabasing 

and 
textual 

searches 
of 

transcripts 

Language Identification 

S
peaker Identification 

A
uto gisting 

C
lassification for further analysis 

Courtrooms        
Air traffic control 
communications       

 
Lawful Intercept by 
Law Enforcement 
Agencies 

    
 

Police / Immigration 
interviews       

 
Emergency Services 
command and control 
positions 

      
 

Surveillance by Law 
Enforcement Agencies      

 
 
Table 1: Analysis of different options for analysing recordings 

 = not appropriate,  = appropriate,  = essential 
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11.0 Conclusions 
 
Best of breed audio analytics tools can now deliver real operational benefits and cost 
savings. However these benefits can only be realised when the characteristics of the 
recordings meet certain criteria and are matched with the most appropriate analytic 
tools. When correctly applied they can augment the current manual resource to 
greatly improve operational capabilities and identify vital intelligence. 
 
To achieve the best results it is recommended that solutions should be implemented 
with an end to end systematic approach which includes data collection, recording, 
classification and analysis. 
 
It is important to realise that any automatic solution should be seen as an 
enhancement, not a replacement for a human operator, as there will still be some 
manual input required.  
 
In order to see how you could best reduce your costs and increase your operational 
capabilities: 
 

 Speak to your audio analytics provider to discuss the details of your 
requirements. 

 Supply a sample audio file to facilitate testing of algorithms and tuning to your 
environment. 
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13.0 Acronyms 
 
KWS: Key word Spotting 
 

LVCSR: Large Vocabulary Continuous Speech Recognition 
 

NIST: National Institute of Standards and Technology 
 

Phonemes: The basic distinctive units of speech 
 

SNR: Signal-to-Noise Ratio. A unit-less measure of the amplitude of the signal (in 
this case speech) compared to the amplitude of the background noise. Many 
algorithms will factor in the SNR and some will make assumptions about the statistics 
of the noise. 
 

Training data: Data collected according to a scheme to give software a reference 
when performing automatic transcription (or using another tool). 
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14.0 Appendix 
 

 
 

 
..The Crampin Index………………………………………………………………….. 

 
Correct Words – how many of the words detected by speech engine matched the 
human transcription. 
  
Phonetically Correct Words – how many of the words detected by speech engine 
matched the human transcription phonetically, e.g. “wear” instead of “where”. 
  
Detection accuracy – a percentage of the number of words (right or wrong) 
detected by speech engine versus number of distinct words transcribed by the 
human operator for the same recording. 
  
Word Accuracy – The percentage of Correct words and Phonetically Correct 
words against Total number of words found by engine. e.g. engine detects 50 
words in total (correct and incorrect) – of these, 8 are correct and 2 are 
phonetically correct and so scores 20% 
  
The Crampin Index:  Score (%) = Detection Accuracy * Word Accuracy  
  



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /CMYK
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments true
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<

    /BGR <>
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e9ad88d2891cf76845370524d53705237300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc9ad854c18cea76845370524d5370523786557406300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /CZE <>
    /DAN <>
    /DEU <>
    /ESP <>
    /ETI <>
    /FRA <>
    /GRE <>

    /HRV (Za stvaranje Adobe PDF dokumenata najpogodnijih za visokokvalitetni ispis prije tiskanja koristite ove postavke.  Stvoreni PDF dokumenti mogu se otvoriti Acrobat i Adobe Reader 5.0 i kasnijim verzijama.)
    /HUN <>
    /ITA <>
    /JPN <FEFF9ad854c18cea306a30d730ea30d730ec30b951fa529b7528002000410064006f0062006500200050004400460020658766f8306e4f5c6210306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103055308c305f0020005000440046002030d530a130a430eb306f3001004100630072006f0062006100740020304a30883073002000410064006f00620065002000520065006100640065007200200035002e003000204ee5964d3067958b304f30533068304c3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020ace0d488c9c80020c2dcd5d80020c778c1c4c5d00020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /LTH <>
    /LVI <>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken die zijn geoptimaliseerd voor prepress-afdrukken van hoge kwaliteit. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /POL <>
    /PTB <>
    /RUM <>
    /RUS <>
    /SKY <>
    /SLV <>
    /SUO <>
    /SVE <>
    /TUR <>
    /UKR <>
    /ENU (Use these settings to create Adobe PDF documents best suited for high-quality prepress printing.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /ConvertToCMYK
      /DestinationProfileName ()
      /DestinationProfileSelector /DocumentCMYK
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure false
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles false
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /DocumentCMYK
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /UseDocumentProfile
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


