Anyone running voicebots in a contact center or customer service environment has come across this frustrating
scenario: a customer begins speaking while the bot is still talking, and immediately the call quality degrades, the
conversation breaks down, or the caller ends up stuck in a loop. Understanding why this happens requires digging

into a few technical and design aspects that are often overlooked but critical to smooth, natural voice interactions.

The Challenge: Voice vs Chat Constraints

Unlike chatbots where users can type at any time and the agent or bot responds after a pause, voice interactions

are inherently linear and time-sensitive. This creates several constraints:

* Turn-taking: Humans conversationally negotiate turns to speak, avoiding overlap.

¢ Audio stream latency: Voicebots rely on streamed audio recognized and processed in real time, but any

processing lag can cause delay in detecting when the user starts speaking.

* Interruptions and barge-in: Users expect to be able to interrupt—and be understood—when the bot is

speaking, just as they would a human agent.

Without properly addressing these constraints, the interaction feels unnatural, leading to frustration: the caller

talks over the bot, but the bot doesn’t catch it, and the interaction does not flow.

Why Legacy IVRs Failed at This

Legacy IVR systems mostly followed a simple play-then-listen model:

1. The system plays a prompt.
2. The caller waits until the prompt finishes.

3. The system listens and tries to capture the caller’s input.
Here's what kills me: this rigid sequencing led to poor user experience:

* Callers often felt forced to wait unnecessarily before responding.
* There was no effective way to handle callers speaking simultaneously with prompts (overlap speech).

® The systems failed to handle barge-in with low latency and accurate turn detection.



So users tended to get stuck repeating inputs or hanging in awkward silences, causing containment failure and

increased call transfers.
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End-to-End Latency: The Underappreciated Bottleneck
Many vendors and teams focus on the model latency — the time it takes an ASR or natural language
understanding model to produce a result once it receives audio. While important, model latency alone does not
tell the whole story.
End-to-end latency measures the total delay from when the user starts speaking to when the system can act on
that input, including:

* Audio capture and buffering in the telephony stack

® Audio transmission and encoding/decoding delays

® Speech recognition processing time (ASR)

® |Interpretation and dialogue management

* The system'’s ability to interrupt audio playback or prompt generation

A high end-to-end latency means that by the time the bot realizes the caller has spoken, the audio prompt might
be halfway through or finished, ruining the turn-taking dynamic and causing overlap speech errors. This is a key

reason callers feel ignored or forced to repeat themselves.

Barge-In and Interruption Handling: The Crux of the Problem
Barge-in is the ability of the system to detect a caller's speech while the playback prompt is still active and act on
it immediately by stopping or pausing the prompt to listen. Robust barge-in is essential for natural conversations

and reduces frustration.

Common Failure Modes of Barge-in
* No barge-in support: Caller speech is ignored until the prompt finishes, leading to callers speaking over the

bot without effect.



* Delayed detection: The system detects speech only after the prompt finishes or with a lag, making the

interruption feel ineffective.

* Misdetected barge-in: System stops prompts erroneously due to background noise or system artifacts.
Effectively handling barge-in requires:

* Telephony stack support for early audio capture and prompt truncation
® |Low-latency ASR capable of providing partial transcripts or early voice activity detection (VAD)

¢ Dialogue logic designed to handle interruption signals and shift from listening to responding smoothly

Overlap Speech and Turn Detection: Why They Matter

Turn detection is the system’s ability to distinguish when one speaker stops and another starts. In voice

conversations, overlap speech happens when both speak simultaneously, typically because:

* The system doesn't detect the user's speech fast enough and continues talking

® The user inadvertently interrupts without pause
To mitigate overlap speech:
* Voice activity detection (VAD) must run on both sides—bot and telephony—to detect when someone
starts speaking.

* Prompt playback control (pause/stop) needs to synchronize with ASR early results.

¢ Dialogue policies should gracefully handle partial utterances and support re-prompts without repeating the

entire message verbatim.

Without effective turn detection, callers end up repeating themselves businessabc or hanging due to confusion—

classic symptoms of barge-in failure.

Improving Your Voicebot Interactions: Best Practices
Here are practical recommendations for addressing the issues described:

1. Measure and optimize end-to-end latency: Don't just evaluate ASR model time; capture metrics from

microphone input to prompt truncation and response generation.

2. Validate your telephony stack’s barge-in capabilities: It should support early audio routing to your ASR

engine and prompt interruption.

3. Use speech recognition engines with partial result streaming: This helps detect user interruptions almost

immediately.

4. Design your bot prompts for interruption: Keep prompts concise and modular to allow clean mid-prompt

stops without losing context.

5. Test with failure modes such as quick interruptions, overlap speech, and noisy environments: This

helps uncover barge-in or turn detection blind spots before deployment.

6. Ensure smooth hand-off when escalation to human agents is needed: Context, including overlapping

utterances, must carry over so the customer doesn't repeat information.

Conclusion
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The frustration of callers talking over a voicebot and having the entire call fall apart traces back largely to barge-in
failure, overlap speech mismanagement, and suboptimal turn detection within the telephony and speech
recognition stack. Legacy IVR systems were never designed to handle the dynamic interruption patterns of human

conversation, contributing to poor caller containment and dissatisfaction.

Modern voicebot deployments must prioritize end-to-end latency reduction, robust barge-in support, and
intelligent dialogue policies to facilitate natural, fluid conversations. Taking a hard look at these factors during
system design and vendor selection will safeguard against the the too-common scenario where customers simply

can't get a word in.

If you're embarking on or evaluating a voice Al deployment, remember: the real metric isn't just how fast the

speech model is but how quickly and reliably the system can hear, stop, and respond to your customers talking

over it.



