TL;DR The wrong way to design TTS for video is to pick one model and
wire the whole workflow around it. The better pattern is contract-first:
define runtime classes, cue timelines, artifact sidecars, and QA
references before you decide which engine earns a place in the stack.

Why most TTS decisions are made at the wrong
layer

Most teams evaluate text-to-speech like this:

o listen to three voice samples
e pick the one that sounds best in a demo
« build the workflow around that engine

That works until production reality shows up:

 narration timing drifts when you swap engines

 retry behavior is inconsistent across environments

* QA has no metadata to inspect when something sounds wrong

e one deployment path is local, another is remote, and neither emits the same
artifacts

At that point, the problem is no longer "which model sounds best". It is:

e how do we preserve timing
e how do we preserve debuggability
e how do we preserve portability

When | reviewed eclat-nextjs, the strongest lesson was architectural. The repo is
interesting because it treats TTS as a contract and runtime problem, not just a
model-selection problem.

That makes it a useful follow-up to the broader pipeline story:

o What a Production-Grade Al Video Pipeline Actually Needs

Start with a run contract, not an engine wrapper
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The first useful boundary is a run contract.
In practical terms, that contract should answer questions like:

¢ what runtime executed this job

¢ what status did it reach

o what artifacts were produced

« what QA state is attached to the run

This matters because a TTS job is bigger than a waveform. The audio file is only one
output of a production narration step.

A good run contract lets you preserve surrounding execution semantics when you
change:

the model

the host machine

the deployment target
the retry strategy

That is the difference between a model integration and a workflow layer.

Separate cue timing from runtime metadata

A second boundary matters just as much: cue timing should not be stuffed inside
general runtime metadata.

Cue timelines deserve their own contract because they describe a different kind of
truth:

e segment order

 timing alignment

e source bindings

e word or phrase-level anchors

Why this matters:

 timing needs to survive engine swaps
« retries should not silently destroy alignment assumptions
o downstream renderers and subtitle systems need stable references

If you mix cue data into one engine-specific payload, you make the entire narration
layer fragile. If you keep it separate, you gain a portable alignment surface that can



survive infrastructure changes.

For video teams, this is the equivalent of separating edit decisions from export
settings.

Treat runtime class as a first-class design decision

One of the most practical ideas in the ec1at-nextjs TTS architecture is the explicit
distinction between runtime classes.

That is important because these paths are not operationally identical:

¢ |ocal box
¢ remote self-hosted
e remote API

The synthesis goal might look the same from the outside, but the production
tradeoffs are different:

 latency

e privacy

e cost

e queue behavior
e caching strategy
« failure handling

If your workflow cannot represent those runtime classes cleanly, you will eventually
hard-code infrastructure assumptions into the narration logic.

That is how teams get trapped. The system becomes "the ElevenLabs path" or "the
self-hosted GPU path" instead of a portable TTS layer that can route across multiple
execution modes.

Artifact sidecars are what make QA possible

A production narration step should not just hand downstream systems an audio file
and hope for the best.

It should emit artifact sidecars that let operators inspect what happened:

e run metadata
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artifact pointers
timing references

QA gate status

failure or retry context

This is the part many teams skip because it feels less glamorous than synthesis
quality. It is also the part that becomes essential the first time:

a voice segment clips

pronunciation is wrong on one retry but not another

a render drifts because cue timing changed

someone asks which exact run generated the shipped narration

Without sidecars, the team is forced to reconstruct history from logs and memory.
With sidecars, debugging becomes a workflow instead of a guessing exercise.

Use runbooks to connect the contracts to real
operations

A schema alone does not create a production system. It creates a useful boundary.
The next layer is the runbook:

» which engine class should be used for which workload
» where caching is expected

« what QA review happens before narration is accepted
» what gets retained for later inspection

* when a job should be retried, rerouted, or rejected

This is where eclat-nextjs gets the framing right. The value is not just that a
contract exists. The value is that the architecture notes and stack documentation
connect those contracts to deployment and operator reality.

That is the pattern production teams should copy:

» schema for portability
¢ runbook for repeatability

What this architecture does and does not prove

This is the line that matters most editorially.



The ec1lat-nextjs evidence strongly supports:

 a contract-first approach to TTS workflow design

e explicit runtime classes

¢ cue-timeline separation

« artifact sidecars and QA references as architectural boundaries

It does not automatically prove:

« a fully finished orchestrator across every path
e best-in-class voice quality across all engines
« that schema design alone solves narration quality

That distinction is useful because it keeps the article honest. The right claim is
architectural:

 if you want TTS to behave like infrastructure, define the contracts first

The practical stack | would build first

If you are designing this from scratch, keep it minimal:

1. Define a tts-run contract with runtime class, status, artifacts, and QA fields.

2. Define a separate cue timeline contract for segments and alignment.

3. Require artifact sidecars for every accepted narration run.

4. Classify execution paths as local, remote self-hosted, or remote API.

5. Document when each runtime class should be used and what QA gate applies.

That is already enough to make the narration layer:

e more portable
e easier to debug
» safer to evolve

The model choice still matters. It just belongs inside a better boundary.

How this fits with the rest of Instavar's TTS coverage

This post should sit above the current benchmark and model-specific work. Those
posts are useful for answering:

» which checkpoints are promising
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 which finetuning paths worked
» which technical claims survived a first production reality check

This architecture post answers a different question:

» how should the TTS layer be designed so those model choices do not hard-
code the whole workflow

Related reading:

» IMDA NSC Voice Cloning_Finetuning_ Benchmark 2026
GLM-TTS Technical Report for Production Zero-Shot TTS
LoRA Fine-Tuning Qwen3-TTS for Custom Voices
IndexTTS2 Finetuning on IMDA NSC FEMALE 01
SpeechBrain Conversational Al Toolkit Workflows

The takeaway

Models generate the audio. Contracts preserve the workflow. Cue timelines preserve
alignment. Artifact sidecars preserve debuggability.

That is the right way to think about TTS in a production video pipeline. Do not start
with the voice. Start with the boundary that lets the voice layer change without
breaking everything around it.

Last updated 14 Mar 2026. Drafted the ec1at-nextjs follow-up angle around runtime
contracts, cue timelines, artifact sidecars, and operator runbooks.
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