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Why Voice AI Now
Voice is no longer experimental. It has become the primary interface for

enterprise customer communication, driven by three converging forces: LLMs

that reason in real time, streaming speech APIs that transcribe in under

200ms, and composable infrastructure that removes the need to build from

scratch.

1B+
voice AI interactions handled daily

40%
CAGR for conversational AI through
2028

Organizations now deploy voice agents in weeks, not months.

Per-call cost drops 50-70% compared to human-handled tier-1 calls.

24/7 availability eliminates after-hours missed contacts entirely.

The Business Case
Voice agents deliver ROI across three dimensions: cost reduction, revenue

growth through always-on availability, and quality improvement through

consistent, accurate responses at scale.

Contact Center Deflection

Handle tier-1 queries 24/7 without agent involvement. A contact center with

50,000 monthly calls can deflect 30-40%, cutting cost-per-contact by up to

60%.

Outbound Automation

Appointment reminders, payment follow-ups, and surveys are fully

automatable. Human agents focus on escalations and complex relationship

management.

Internal Workforce Tools

HR helpdesks and IT support lines reduce ticket volume 25-35% and

resolve routine issues in under 90 seconds.



CHAPTER 00  |  ANATOMY AND TECHNOLOGY READINESS 9

Anatomy of a Voice Agent
A voice agent is a real-time system that listens, understands, decides, acts,

and speaks. Each stage must complete fast enough that the combined

pipeline stays under 800ms, the threshold at which conversation feels

natural.

Audio Capture and VAD

Captures the audio stream and uses Voice Activity Detection to determine

exactly when the speaker finishes a turn.

Speech-to-Text

Converts streaming audio to text in real time. Accuracy and latency are the

two key selection axes.

LLM Reasoning

Receives the transcript plus conversation history. Returns a text response

and optional tool calls.

Tool Execution

Executes API calls and lookups triggered by the LLM. Runs in parallel

where dependencies allow.

Text-to-Speech

Converts the response text to audio and streams it. Playback begins before

the full text is ready.

Technology Readiness Checklist
Before choosing an architecture, audit your existing stack. Gaps at any layer

determine your build path and timeline.

Telephony
SIP trunk or WebRTC endpoint

CPaaS provider if needed

DTMF fallback path for older callers

Data and Knowledge
Domain vocabulary list for STT tuning

Knowledge base ingested and chunked

Tool APIs documented and accessible

LLM Infrastructure
Provider selected and latency benchmarked

System prompt drafted with persona and scope

Tool schemas defined and tested

Compliance
Audio retention policy agreed

GDPR / HIPAA / PCI requirements mapped

Escalation paths to human agents defined
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The Five-Stage Pipeline
Every production voice agent runs five stages in sequence. The combined

latency budget from spoken word to synthesized reply must stay under

800ms. Each stage contributes independently. Optimize them in isolation.

01  Audio Capture and VAD

Captures the caller's audio stream. Voice Activity Detection determines the

precise moment the speaker finishes. False positives cut off speakers;

false negatives create silence.

02  Streaming STT Transcription

Converts the audio stream to text in real time. The final transcript is emitted

at end-of-utterance. Streaming mode allows the LLM to begin processing

earlier.

03  LLM Reasoning and Tool Dispatch

Receives the transcript, conversation history, and tool schemas. Returns a

text response and optional tool calls to execute before replying.

04  Tool Execution

Executes API calls in parallel where possible. If a tool exceeds the time

budget, the agent responds with a holding phrase while the call continues

in the background.

05  Streaming TTS and Playback

Converts the response to audio and begins playback before the full text is

synthesized. Barge-in detection stops playback if the caller speaks.

Latency Budget by Stage
Understanding where latency comes from is the foundation of optimization.

Measure each stage independently before attempting cross-stage tuning.

VAD + Audio Capture 5 - 30 ms

STT Transcription 100 - 200 ms

Network Round-Trip 20 - 60 ms

LLM First Token 150 - 350 ms

Tool Execution 0 - 200 ms

TTS First Audio Chunk 80 - 150 ms

Target total: under 800ms

Quick Wins

Stream TTS: start audio before the full response text is generated.

Use streaming STT: return partial transcripts while the speaker talks.

Run tool calls in parallel when there are no dependencies between them.

Choose LLMs by first-token latency, not raw throughput.
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Speech-to-Text: Five Selection Axes
The STT model is the entry point of every voice interaction. A poor

transcription cascades through every downstream layer. Evaluate providers

on these five axes before committing.

Word Error Rate (WER)

Industry average is 5-8%. Domain-specific fine-tuning can reach 1-3%.

Always test on representative caller audio, not public benchmarks.

Streaming vs. Batch

Always use streaming STT for voice agents. Streaming returns partial

transcripts in real time, enabling the LLM to begin processing earlier.

End-of-Utterance Detection

The model must signal precisely when the speaker finishes. Integrated

VAD is simpler to deploy; separate VAD gives more control.

Language and Accent Coverage

WER varies significantly across locales and accents. Test each target

language and accent on representative audio independently.

Custom Vocabulary

Drug names, product codes, and acronyms cause most domain errors.

Providers with keyword boosting reduce domain WER by 30-50%.

LLM Reasoning Layer
The language model is the intelligence of the agent. It receives the transcript,

history, system instructions, and tool results, then produces the response and

any actions to take.

System Prompt Design

Defines persona, scope, tone, and escalation triggers. Version-control it

like code. Test every change against a regression set of representative

calls.

Context Window Management

Long calls generate thousands of tokens of history. Implement a sliding

window or periodic summarization to stay within the model's token limit.

Tool Schema Precision

Describe every parameter with its type, valid values, and an example.

Ambiguous schemas cause the LLM to hallucinate parameter values.

Hallucination Guardrails

Ground all responses in retrieved facts via RAG. Add output validators that

flag responses containing uncertain product details, prices, or policies.

Model Selection

Optimize for first-token latency. GPT-4o, Claude Sonnet, and Gemini Flash

all offer sub-300ms first-token streaming. Benchmark on your prompt

length.
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Text-to-Speech: Selection Guide
The TTS layer determines whether your agent sounds human or robotic.

Naturalness is not a luxury. Callers hang up on synthetic-sounding agents.

Evaluate TTS on these dimensions:

Prosody and Intonation

Natural pitch variation, stress, and rhythm. Neural TTS models achieve

near-human prosody. Rule-based TTS does not.

Streaming Latency

Best-in-class models return audio in under 80ms from the first chunk of

text, enabling sub-second perceived response.

SSML Support

Speech Synthesis Markup Language controls pauses, emphasis, and

pronunciation. Essential for numbers, dates, and acronyms.

Barge-In Handling

TTS playback must stop immediately when the caller speaks. This requires

tight integration between the TTS output and the VAD layer.

VAD and Turn-Taking
Voice Activity Detection decides when the speaker is done and when the

agent should respond. A 100ms error here degrades the entire conversation

quality.

Energy-Based VAD

Triggers on audio energy above a threshold. Fast and cheap, but fails in

noisy environments. Not suitable for production deployments.

Neural VAD

Trained on millions of utterances across acoustic conditions. Silero VAD

and provider-integrated models achieve 95%+ accuracy in most

environments.

Semantic Endpointing

Uses a classifier to confirm that the utterance is semantically complete, not

just acoustically silent. Reduces false positives, adds 30-80ms.

Handling Interruptions

Implement barge-in at three levels: stop TTS immediately on audio energy,

confirm it is speech before aborting the response, and if generation is already

underway, discard the tail and re-invoke with the new utterance.
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Three Architectural Tiers
Voice agent architectures fall into three tiers of build complexity and control.

Most teams start at Tier 1 and migrate as volume and requirements grow.

Tier 1: Managed Platform

Fully managed voice AI platform. All pipeline components are

pre-integrated. Fastest path to production. Best for: under 10,000 calls per

month, standard use cases. Time-to-production: 1-2 weeks.

Tier 2: Composable Stack

Assemble best-in-class STT, LLM, TTS and a custom orchestration layer.

Full control over every model. Best for: enterprise deployments with

custom logic, above 10,000 calls per month. Time-to-production: 4-8

weeks.

Tier 3: Self-Hosted / Edge

Run STT and TTS models on-premise. Reserved for strict data residency,

air-gapped environments, or sub-200ms total latency requirements.

Highest engineering investment. Time-to-production: 3-6 months.

Telephony Integration
Most enterprise voice agents connect to telephony infrastructure. The choice

of integration pattern determines the latency floor, reliability, and cost.

SIP Trunking

Direct PSTN integration. High compatibility with legacy PBX systems.

Requires a media gateway to convert SIP audio for streaming STT APIs.

Latency: 40-80ms.

WebRTC Gateway

Browser and app-native. Enables sub-50ms media transport. Best latency

profile for new builds. Less compatible with legacy telephony infrastructure.

CPaaS Provider

Twilio, Vonage, Plivo provide managed SIP and WebRTC endpoints.

Fastest integration path. Adds per-minute cost but eliminates infrastructure

management.

Decision Guide

Existing PSTN infrastructure: SIP trunking is lowest-friction.

New web or mobile deployment: WebRTC gives the best latency.

Speed of integration is the priority: CPaaS reduces time-to-market.
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Memory and Context Management
A voice agent's ability to hold a coherent conversation depends on how it

manages memory across three layers, each with different storage and expiry

characteristics.

In-Context (Short-Term)

Conversation history passed to the LLM each turn. Bounded by the context

window. Long calls require summarization to stay within token limits.

Expires at end of call.

Session Store (Mid-Term)

Key facts stored in Redis or DynamoDB during the call: caller name,

account number, stated preferences. Retrieved without consuming context

tokens. TTL-based expiry.

Knowledge Base (Long-Term)

Company information and policies stored in a vector database, retrieved

via semantic search (RAG). Updated on a scheduled cycle, not in real time.

Summarization Pattern

When history approaches the context limit, send the oldest turns to the LLM

with the instruction to produce a 3-5 sentence summary. Replace those turns

with the summary. This preserves semantic continuity without unlimited token

consumption.

Tool Use Principles
Tool use transforms a voice agent from a conversational interface into a

transactional system. These principles prevent the most common failure

patterns.

One Tool, One Responsibility

Each tool should do exactly one thing. Separate get_customer_details from

update_address. Multi-purpose tools cause ambiguous LLM invocations.

Schema Precision

Describe every parameter with its type, valid values, and an example.

Ambiguous schemas cause the LLM to hallucinate parameter values.

Parallel Execution

When the LLM returns multiple tool calls, execute them in parallel.

Sequential execution adds unnecessary latency for independent calls.

Timeout and Fallback

Set a hard timeout per tool call. If exceeded, respond with a holding phrase

and continue the call in the background. Never leave silence.

Key Voice UX Rules

Keep responses to 2-3 sentences per turn for transactional queries.

Never enumerate more than 3 options in a single spoken response.

Always confirm key parameters before executing any mutation.
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Hosting and Scaling
Voice agents hold persistent audio connections for the duration of each call.

This makes them fundamentally different from stateless API services and

requires infrastructure choices that account for connection-based scaling.

Regional Placement

Deploy compute close to your caller base. A 50ms round-trip difference is

perceptible in voice. Use multi-region active-active with GeoDNS for global

deployments.

Connection-Based Scaling

Scale on concurrent connection count, not request throughput. Each pod

supports a fixed number of simultaneous calls based on memory and CPU

limits.

Graceful Drain on Deployment

When deploying a new version, allow a 300-600 second drain window for

active calls to complete before terminating old pods. Never hard-restart

during live calls.

Cold Start Mitigation

Pre-warm LLM and STT connections before calls arrive. Serverless

inference endpoints can add 2-5 seconds on the first call on a fresh pod.

Security Baseline
Voice agents process sensitive spoken data in real time. Establish a security

baseline before going to production, not as an afterthought.

Transport Encryption

All audio streams must use TLS 1.3 or DTLS-SRTP. Never transmit caller

audio over unencrypted channels, even on internal networks.

PII Redaction from Logs

Strip card numbers, social security numbers, and health data from

transcripts before storage. Apply redaction at the logging layer, not

post-processing.

API Key Scoping and Rotation

Create separate keys for STT, LLM, and TTS. Scope each to minimum

permissions. Rotate on a 90-day cycle. Store in a secrets manager, never

in code.

Consent and Disclosure

In most jurisdictions, callers must be informed they are speaking to an AI.

Include a clear disclosure in the agent's opening prompt and log the

acknowledgment.
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Observability Stack
Voice agent quality is invisible without structured observability. You cannot

diagnose a degraded call unless you instrumented every pipeline stage from

day one.

Conversation Transcripts

Log every utterance with speaker label, timestamp, STT confidence score,

and VAD endpointing decision. Store in a searchable format.

Per-Stage Latency Metrics

Track P50, P95, P99 for STT, LLM first-token, tool execution, and TTS

first-chunk as separate metrics. Alert when P99 exceeds thresholds.

Tool Call Outcomes

Record tool name, inputs, response, duration, and success flag. Alert on

error rate above 1% or timeout rate above 0.5%.

Escalation and Fallback Rates

Fallback rate above 10% signals prompt or context quality issues.

Escalation rate above 15% suggests missing tool coverage or scope gaps.

Resilience Patterns
Voice agents must degrade gracefully when components fail. Silence during

a phone call is interpreted as the call dropping. Every failure mode needs a

defined fallback.

STT Provider Fallback

Configure a secondary STT provider with automatic failover. When the

primary exceeds the timeout or returns an error, route audio to the fallback.

The caller experiences a brief pause, not a dropped call.

LLM Circuit Breaker

If the LLM fails three consecutive times, open the circuit and route the call

to a human agent with a context summary. Do not keep retrying in the

caller's ear.

Tool Timeout Response

When a tool call exceeds the latency budget, respond to the caller with a

holding phrase while the tool continues in the background. If it times out

completely, offer to follow up via email or SMS.

Escalation Transparency

Define clear escalation triggers: caller requests a human, agent confidence

is low for three turns, or critical tool failures. Always pass context to the

receiving human agent.
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The Testing Pyramid
Voice agents require a layered testing strategy. Each layer catches different

failure modes. Component bugs that reach live traffic are 10x more expensive

to fix.

Component Tests

Test STT WER on a held-out domain set. Test LLM intent classification on

50+ scenarios. Test TTS pronunciation of all domain-specific terms and

abbreviations.

Integration Tests

Feed synthetic audio through the full pipeline. Verify that tool calls fire with

correct parameters and that responses match expected outputs.

Conversation Flow Tests

Simulate complete call scenarios with a scripted caller bot. Cover happy

paths, error paths, edge cases, and escalation triggers.

Load Tests

Run 50-100x expected peak concurrent call volume. Measure per-stage

latency under load and identify connection pool limits before they affect

callers.

Live Call Sampling

Review a random 1-2% sample of live calls weekly. Score for accuracy,

latency, and naturalness. Feed findings into the weekly improvement cycle.

Common Failure Modes and Fixes
Voice agents fail in predictable patterns. These failure modes account for

over 80% of production incidents. Know them before launch.

Barge-In Misfire

Agent cuts off caller due to false VAD trigger. Fix: increase silence

threshold by 20-40ms and use semantic endpointing to confirm utterance

completeness.

Silence Loops

No audio for more than 2 seconds. Fix: add a max-response-delay timer. If

no first token arrives within 600ms, emit a filler phrase while continuing to

wait.

Context Drift on Long Calls

Agent loses facts stated early in the call. Fix: periodic context

summarization every 10 turns. Store caller name and account details in the

session key-value store.

ASR Domain Errors

Domain-specific terms mis-transcribed. Fix: add keyword boosting and test

WER specifically on domain utterances, not generic benchmarks.

Tool Hallucination

LLM invents parameter values. Fix: add required-parameter validation and

instruct the model in the system prompt to ask for missing parameters

explicitly.
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Evaluation Metrics
A structured evaluation framework lets you track quality objectively over time

and make data-driven decisions about model upgrades and prompt changes.

Metric Description Target

Word Error Rate (WER) STT accuracy on domain test... Under 4%

Task Completion Rate Caller's goal fully resolved. Above 85%

First-Contact Resolution Resolved without human esc... Above 75%

Escalation Rate Calls transferred to human a... Under 15%

Avg. Handle Time Duration vs. human agent ba... 30-40% shorter

P95 End-to-End Latency Spoken response at 95th per... Under 800ms

Tool Success Rate Tool calls without error or tim... Above 99%

Post-Call CSAT Caller satisfaction score. Above 4.0 / 5.0

Continuous Improvement Loop

Sample 100-200 calls randomly each week.

Score each call across the evaluation framework.

Cluster failures by type: STT, LLM, tool, or UX.

Implement targeted fixes: prompt update, vocabulary boost, or schema

change.

A/B test the fix on 10% of live traffic before full rollout.

Build vs. Buy Decision
Most organizations should not build a voice AI stack from first principles. The

right decision depends on call volume, customization requirements,

compliance constraints, and available engineering capacity.

Buy: Managed Platform

Call volume under 20K per month. Standard use cases with no strict data

residency requirements. Engineering team under 5 people. Time-to-market

is the primary constraint.

Build: Composable Stack

Above 50K calls per month. Custom domain vocabulary, specific model

requirements, and engineering team with AI/ML experience. Long-term

cost optimization is a priority.

Partner: Globussoft.ai

Any volume with complex requirements. Rapid deployment with

production-grade quality. Domain fine-tuning, ongoing optimization, and

support included.

Key Questions to Ask

What is our 12-month projected call volume?

Do we have strict data residency requirements?

How quickly must we be in production?
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The 5-Phase Methodology
Globussoft.ai builds production-grade voice AI agents using a proven

methodology refined across 30,000+ AI-driven solutions. Every engagement

includes domain fine-tuning, full integration, and 90 days of post-launch

optimization.

01  Discovery and Strategy

Map call flows, identify high-value automation targets, audit your telephony

stack, and define success metrics with your team. Output: signed-off

architecture and project plan.

02  Data Preparation

Collect call recordings, extract domain vocabulary, prepare STT fine-tuning

datasets, and document all tool APIs. Output: STT model with under 3%

WER on your domain.

03  Agent Development

Build the orchestration layer, write the system prompt, implement tool

integrations, and configure TTS voice and persona. Output: fully functional

agent on staging.

04  Testing and Validation

Run the full testing pyramid. Conduct a pilot with 5-10% live call cohort.

Iterate until all evaluation metrics meet agreed targets. Output:

production-ready agent.

05  Launch and Ongoing Optimization

Orchestrate production rollout, establish observability, train your ops team,

and run the weekly improvement cycle for the first 90 days post-launch.

Why Globussoft.ai
We combine deep AI engineering with a proven enterprise delivery process.

Every engagement is backed by 16 years of technology delivery experience

and ISO, STPI, and CMMI certified quality processes.

16+
Years of excellence

1K+
Global clients

30K+
AI-driven solutions delivered

200+
Creative minds

What's Included in Every Engagement

Domain-specific STT fine-tuning on your actual call data.

System prompt design and hallucination guardrail setup.

Full telephony integration and tool API connections.

Production observability stack with alerting dashboards.

Weekly improvement cycle for 90 days post-launch.

Dedicated point of contact throughout the engagement.
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Start Building
Your Voice AI Agent Today

01 Free Strategy Call
Tell us your use case and call volumes. Our specialists respond within 24 hours with a

tailored technical assessment.

02 Discovery and Architecture
We audit your telephony stack, define the agent persona, map conversation flows, and

propose a timeline and architecture.

03 Build, Fine-Tune, Integrate
Our team trains the STT model on your domain, builds the orchestration layer,

integrates your tools, and configures TTS.

04 Launch, Monitor, Optimize
We orchestrate production rollout, establish full observability, train your ops team, and

run the improvement cycle for 90 days.

globussoft.ai/consult-us
+91 8767115115   |   +1 302 208 9138   |   +44 7476 959136

support@globussoft.com   |   globussoft.ai/consult-us
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