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S

200

Extracting the VAD module of WebRTC and
transplanting it to UniMRCP to obtain a
transplantation result

201

S202

A 4

Performing single package data detection and
analysis based on the transplantation result to
obtain a detection and analysis result

S203

obtaining or determining a cumulative counting
rule

A\ 4

S204
N

performing cumulative counting of the detection
and analysis result according to the cumulative
counting rule to calculate the first consecutive
cumulative number of at least one non-voice data
packet over the time period, and calculating a
second consecutive cumulative number of at least
one non-voice data packets over the time period

\ 4

S205

Performing internal state transition based on the
human voice cumulative result and the non-
human voice cumulative result to obtain an event
judgment result

FIG. 2
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S

300A

Obtaining the first threshold in the form of a non-
human voice cumulative threshold

|~ S301

y

determining whether the non-human voice
cumulative result meets the non-human voice
cumulative threshold

If YES

A

outputting a status indicative of a silent event, i.e.
an event judgment result as a silent event

FIG. 3A
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S313

S314

S315

S316
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Obtaining the second threshold, i.e. a human voice
cumulative threshold

y

Determining whether the human voice cumulative
result meets the second threshold

If YES

A

output the event judgement result as a start-of-
speech event or speech start event

obtaining a first state buffer parameter

performing sensitivity buffering for the internal

state transition based on the first state buffer

parameter to obtain an internal state transition
result

obtaining the event judgement result based on the
internal state transition result

FIG. 3B
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S

400A

Controlling interruption through FreeSwitchTM
based on the event judgement result

Ve S401

y

wherein when the event judgement result
received by FreeSwitchTM is the silence event,
performing an automatic speech recognition (ASR)
recognition, using an ASR module, on the
detection and analysis result to obtain a
recognition result

If YES

A

Starting the next round of dialogue based on the
recognition result

FIG. 4A
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400B
S

When the event judgment result received by
FreeSwitchTM is the speech start event,
determining whether the current dialogue of the
intelligent outbound calling system or robot is the
first round of dialogue

8411

S412
A

When the current dialogue of the robot is not the
first round of dialogue, obtain a non-interruptible
time parameter

S413

A 4

When the time node parameter of the start-of-
speech event does not satisfy the non-
interruptible time parameter, perform interruption
processing on the current playback

S414

If the current dialogue of the robot is the first
round of dialogue, then do not perform
interruption processing

FIG. 4B
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500
S

obtaining, from a voice activity detection (VAD) S501
module, an input data stream over a time period, e
the input data stream comprising audio data

S502 identifying, from the audio data, using a
A~ classification algorithm, at least one voice data
packet and/or at least one non-voice data packet

S503 _ _ _ _
\,\ calculating a first consecutive cumulative number
of the at least one non-voice data packet over the
time period
S504 ) ) : :
comparing the first consecutive cumulative
\'\ number with a first threshold.
If Yes
SSO{ﬂ \
output a status indicative of a silent event
S506 3

\’\ calculating a second consecutive cumulative
number of the at least one voice data packet over
the time period

S507 3

\’\ comparing the second consecutive cumulative
number with a second threshold

S508 If Yes

\"\ output a status indicative of a speech start event

FIG. 5



