
When piloting a new voice AI system, especially one integrated within your telephony stack and leveraging
automatic speech recognition (ASR), one critical interaction feature to validate is barge-in. Here's a story that
illustrates this perfectly: learned this lesson the hard way.. This capability allows callers to interrupt a prompt mid-
sentence, creating a natural, efficient conversation flow that legacy IVRs failed to support well.

In this article, I'll explain why barge-in matters, the constraints that voice interaction imposes compared to chat,
how to design a thorough pilot test script for barge-in, and key metrics like end-to-end latency you must track. If
you want to avoid common pitfalls like callers getting stuck, repeating inputs during hand-offs, or poor
interruption handling, this guide is your baseline.

Why Barge-In Matters: Voice vs Chat Constraints
Unlike chatbots, voice systems handle a continuous audio stream. In chat, users can skim or quickly type their
responses at any time. Voice requires managing real-time audio input and output simultaneously. This makes
interrupt handling or barge-in a significant technical challenge.

Key differentiators between voice and chat include:

Sequential audio vs discrete messages: Voice systems must detect user speech overlapping the system
prompt and decide how quickly to stop output.

ASR latency: The system's ability to recognize partial words and respond in near real-time impacts barge-in
quality.

Telephony network delays: Unlike IP chat platforms, PSTN or VoIP networks introduce varied end-to-end
latency that influences barge-in effectiveness.

Legacy IVRs typically failed barge-in due to these factors and rigid DTMF-driven menus that didn't support
interruption. Modern AI voice agents using cloud ASR offer the promise—but only if latency and turn-taking logic
are properly tuned.

Legacy IVR and Why It Failed on Barge-In



Historically, IVRs relied on:

Pre-recorded prompts played verbatim without possibility to truncate mid-playback.

Basic speech recognition or DTMF input collected only after the prompt fully played.

Sequential state machines with no parallel listening during prompt playback.

Ask yourself this: these constraints caused poor user experience:

Callers had to wait or listen fully before speaking.

Requests to interrupt would be ignored or cause system errors.

Frustration led to drop-offs or repeated menus.

Modern ASR engines combined with flexible media playback allow partial prompt cut-off upon detecting user
speech. However, this requires deliberate testing during a vendor pilot to verify system real-world behavior.

Key Concepts: End-to-End Latency and Its Impact
Before discussing how to build a pilot test script, understand one critical metric: end-to-end latency.

This encompasses businessabc.net all system delays from when a caller interrupts the prompt to when the AI
agent starts recognizing and processing the interruption. It includes:

Latency Component Description Network delay Time for audio packets to travel through PSTN/VoIP infrastructure
Media Server processing Prompt playback control and stopping logic latency ASR recognition Time for speech
engines to convert audio to text Intent parsing and decision-making AI layer latency interpreting recognized
phrases

If this total latency is too high, callers will get frustrated or feel ignored when trying to interrupt. Vendors often
tout model-level ASR latency (e.g., 300 ms) but don't share the full end-to-end latency. Always ask for this
complete number during pilot evaluations.

Building Your Pilot Test Script: How To Test Barge-In Effectively
A pilot test script validates not just functional correctness but smoothness of interruption handling. Here’s how to
create one:

1. Set Clear Test Objectives

Validate caller can interrupt prompts mid-sentence.

Verify system correctly truncates playback and processes input without errors.

Measure recognition accuracy and latency during interruption.

Identify any failure modes like dropped inputs or repeated questions.

2. Use Overlapping Speech Phrases

Design test cases where the caller intentionally speaks during prompt playback, not before or after.

For example, if the system says "Please tell me your account number," the caller starts speaking "1234..."
halfway through that phrase.

This simulates real caller impatience and natural interruption.

3. Test Across Complex Prompts
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Include varying prompt lengths and complexities:

Short commands ("Say yes or no")

Multi-second instructions with multiple sentences

Dynamic prompts injected with real-time information

4. Measure Latency and ASR Confidence

Log timestamps when interruption is spoken, when prompt playback stops, and when recognition event
completes.

Calculate the effective end-to-end latency.

Check confidence scores to ensure system understood truncated input well.

5. Include Negative and Edge Cases

Test scenarios that often fail:

Multiple quick interruptions (caller speaks, pauses, speaks again during playback)

Partial interruptions (brief cough or filler sounds overlapping speech)

Barge-in during loud background noise or low signal quality

6. Validate Conversation Continuity

Confirm that after interruption, system responds on point without forcing callers to repeat information.

Example Pilot Test Script Snippet

Step Prompt Caller Action Expected System Behavior 1 "Please say your account number." Caller starts saying
"1234" midway during playback of "account". Prompt playback truncates immediately; ASR captures "1234" with
high confidence; system proceeds. 2 "Would you like to update your address or phone number?" Caller interrupts
after "update" and says "phone number." Prompt stops; system recognizes "phone number" intent without error. 3
"To hear more options, say 'more options' or say 'help' for assistance." Caller coughs (non-speech) overlapping
prompt; then interrupts with "help". System ignores cough; accepts "help" command and responds correctly.

Common Failure Modes and What to Watch For
Delayed Prompt Truncation: Prompt continues playing for an awkwardly long time after interruption,
frustrating callers.

Recognition Errors Under Overlap: ASR mishears overlapped speech causing wrong intents or no match.

Replay or Repeat Requests: System asks caller to repeat because it didn’t handle interruption well.

Hang-ups or Dead-ends: Barge-in causes the session to fail or disconnected unexpectedly.

Unreported Latency: Vendors report only model ASR latency, while total system delay is much higher.

Tips for Evaluating Vendors on Barge-In Capabilities
During vendor demos and pilots, consistently:

Ask them to share the end-to-end latency from interruption audio to recognition completion.

Insist on reports showing how often barge-in triggers successfully vs failed attempts.

Request ability to tweak prompt playback buffer sizes and interruption detection thresholds.



Check that their telephony stack can reliably detect caller audio superimposed on outbound prompts.

Run multiple rounds of pilot testing simulating natural human interruptions—don’t accept synthetic “perfect
timing” demos.

Conclusion
Testing barge-in during a vendor pilot goes beyond just functional correctness—it’s about ensuring your callers
experience smooth, natural conversations without frustration or forced waits. Establish a detailed pilot test script
that includes interrupting prompts mid-sentence with overlapping speech. Measure and validate true end-to-end
latency, not just ASR model times. Pay close attention to failure modes that catch many production deployments
off guard.

By rigorously challenging vendor systems around barge-in and interruption handling, you’ll avoid legacy IVR
pitfalls and ensure your AI voice agent truly delivers the seamless experience your customers expect.


