
The rise of AI-powered voice agents is reshaping how call centers operate, promising smarter interactions and
better customer experiences. Central to this evolution is the concept of the orchestration layer, the critical
middleware that coordinates multiple components — including the telephony stack and speech recognition (ASR)
systems — into a seamless, end-to-end service. In this blog post, we'll dive deep into what an orchestration layer
does in an AI call center, why legacy IVR systems fell short, and the key design constraints you must understand,
especially around latency, barge-in capabilities, and voice vs. chat interaction modes.

Understanding the Orchestration Layer: The Brain of AI Voice
Solutions
At its core, an orchestration layer acts as the central control hub within an AI call center setup. It coordinates the
flow of data and logic across different subsystems — from telephony infrastructure handling CG docket 23-362
impact inbound/outbound voice calls, to ASR engines converting speech to text, to large language models (LLMs)
making decisions, and finally to tool execution modules that can push actions like database lookups, CRM updates,
or even initiate calls.

You can think of the orchestration layer as the conductor of an orchestra, ensuring that all sections (technology
components) play in harmony, rather than as isolated performers.

Key Functions of the Orchestration Layer

Speech In, Speech Out Management: It manages the continuous loop of capturing caller voice inputs,
transcribing them via ASR, then generating and synthesizing the AI's voice responses.

LLM Decisioning: Integrates language model inference to understand intent, manage dialog context, and
craft appropriate responses or route tasks appropriately.

Tool Execution: Coordinates external system calls and action executions — think CRM queries, order status
lookups, or call transfers — based on the conversational context.

Telephony Integration: Interfaces with telephony stacks to control calls, handle features like barge-in,
interruptions, call transfers, and maintain call state information.

Latency Management: Ensures minimal end-to-end delay from receiving a caller utterance to delivering a
synthesized response, which is crucial for natural conversations.

Error Handling and Recovery: Detects failure modes such as ASR misrecognitions, dropped calls, or
unhandled intents and implements fallback strategies.

Why Legacy IVR Systems Failed and How Orchestration Changes the
Game
Traditional Interactive Voice Response (IVR) systems largely relied on rigid, DTMF keypad input and pre-scripted
menu trees. These systems frequently caused frustration due to their lack of flexibility, poor handling of natural
speech, and long navigation paths. Here are the main reasons these legacy systems underperformed:

1. Limited Input Modalities: Mostly touch-tone input with little natural language understanding.

2. Static Menu Trees: Rigid scripts meant even slight variations in requests broke the flow.

3. High Latency and Frustration: Slow response times and frequent "dead ends" led to caller hang-ups.

4. Lack of Contextual Awareness: No real-time decisioning or context retention across exchanges.
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5. Repetition at Hand-offs: Callers often had to repeat information when transferred to live agents.

The orchestration layer, powered by AI and voice-first design, addresses these pain points:

Speech In Speech Out: Natural, free-form caller inputs are transcribed and interpreted in real time.

LLM Decisioning: Artificial intelligence deciphers intent contextually and dynamically adjusts dialog flows.

Seamless Tool Execution: Backend integrations happen on the fly without interrupting the customer
experience.

Efficient Latency Management: End-to-end delays are carefully monitored and minimized.

True Barge-In: Callers can interrupt prompts without waiting, enabling more natural conversations.

The Critical Role of End-to-End Latency
Many discussions around AI call center performance focus narrowly on model latency — how quickly a speech
recognition model or language model responds. While important, this misses the bigger picture. The orchestration
layer's success hinges on the end-to-end latency, the total roundtrip delay between:

Caller starting to speak

Voice captured by the telephony stack

Speech recognition converts audio to text

Language model processes text and decides next steps

Tool execution is triggered (if applicable)

Speech synthesis converts text response to audio

Response audio delivered back to the caller

An acceptable end-to-end latency threshold for smooth conversational flow typically falls under 500–700
milliseconds. Delays beyond that can lead to awkward pauses, overlapping speech, and caller frustration.

When evaluating AI voice solutions, always ask vendors for their total end-to-end latency numbers, not just
model inference times. Vendors who dodge this question tend to underestimate the real customer experience
impact.



Voice vs. Chat Constraints in Orchestration Design
While AI-based chatbots operate in text streams with inherent user control over pacing and turn-taking, voice
interfaces have unique constraints that directly influence orchestration layer design:

Streamed Audio Input: Voice input is a continuous audio stream rather than discrete text messages,
requiring real-time ASR partial-results management.

Interruptions and Barge-In: Callers often want to interrupt the agent mid-prompt, which demands
sophisticated event handling to halt and switch context smoothly.

Audio Output Timing: Responses are delivered as audio, which takes time to synthesize and play back, unlike
instantaneous text display.

Limited Visual Feedback: Unlike chat, customers can’t see dialog history or options, so prompts must be
clear and concise.

This means orchestration layers for voice AI must be expressly built to handle:

Real-time event stream processing instead of batch message processing

Advanced state management to track partial utterances and anticipation of interruptions

Barge-in support so callers can regain control without system confusion

By contrast, chatbots can afford simpler, turn-based state machines and less stringent latency demands.

Barge-In and Interruption Handling: The Secret Sauce for Natural
Voice Agents
One of the most overlooked but vital capabilities in voice AI orchestration is barge-in support — allowing callers
to interrupt a spoken prompt without waiting for it to finish. Why this matters:

Natural Conversation Flow: People talk over each other in real dialogs; agents must adapt similarly.

Avoiding Customer Frustration: Waiting out long monologues just to answer "Yes" or "No" kills the
interaction.

Latency Tolerance: Barge-in helps mask latency by handing control to the caller proactively.

However, barge-in is notoriously hard for legacy IVRs and many AI voice vendors, because:

The telephony stack must support early detection of human speech within system audio output.

The orchestration layer must halt ongoing text-to-speech (TTS) synthesis instantaneously.

ASR engines must handle partial, overlapping utterances without dropping recognition accuracy.

Dialog managers need fast re-planning to address the interruption coherently.

When testing AI voice pilots, I always include barge-in test cases — checking for system stability, context
retention, and immediate reactivity. Vendors who dodge or underperform here are not production-ready.

Bringing It All Together: A Simplified Orchestration Layer Architecture
Component Role Key Interaction Points Telephony Stack Manages voice call setup, media streams, and low-level
call controls Handles audio capture and playback; detects call events and barge-in ASR Engine Converts streaming
audio into text transcripts Feeds partial and final transcripts to orchestration for intent detection Orchestration
Layer Controls flow, integrates AI models, manages latency, and handles errors Coordinates ASR input, LLM
decisioning, tool calls, and TTS output LLM / AI Models Interprets user intent, manages dialog, and formulates



responses Receives transcribed text, outputs next actions/text replies Tool Execution Modules Interfaces with
backend systems (CRM, databases, APIs) Executes commands triggered by orchestration logic TTS Engine Converts
generated text responses into natural-sounding speech Produces audio stream for playback via telephony stack

Conclusion
The orchestration layer is the linchpin that makes AI voice agents in call centers truly capable, flexible, and user-
friendly. Far from simply stitching together off-the-shelf models, orchestration manages the complex and latency-
sensitive interactions between telephony stacks, ASR engines, AI models, and downstream tool execution. It
addresses the legacy IVR failures by enabling natural, speech in speech out conversations with real-time barge-in
and interruption handling.

For practitioners and buyers, this means:

Insisting on end-to-end latency transparency, not just model output speed

Evaluating voice-specific constraints vs. chatbots and their different interaction models

Demanding robust barge-in support to avoid frustrating, slow dialogues

Testing failure modes around ASR errors, tool integration failures, and call interruptions

In the next evolution of AI-powered call centers, the orchestration layer will only grow in importance as the stage
for combining speech recognition, LLM decisioning, and tool execution into fluid, real-time conversations — all
while treating voice as a first-class citizen, not a bolt-on afterthought.


