VolIP (Voice over Internet Protocol) migrations sound straightforward until the first call that goes sideways. Then
you learn quickly that “working” is not the same thing as “working reliably under real conditions.” A voice system
can pass a bench test in a quiet test window and still stumble when users start taking calls during business hours,

when Wi-Fi gets crowded, or when network priorities are slightly different than expected.

Testing VolP before you migrate is where you find the problems you cannot afford to discover after cutover. Done
well, it also reduces downtime, speeds up approvals, and gives you evidence you can hand to stakeholders when

decisions need to be justified.

Below is the approach | use, refined over a few migrations where the unexpected failures were not codec-related,
but network, routing, and configuration related. The goal is to test the system end-to-end in the same

environment your users will experience, then stress it with believable traffic patterns.

Start with the call you are actually migrating

Before you touch any configuration, clarify what “migrate” means in practical terms. People often say they are
moving “from one phone system to another,” but what you are really changing is a set of call paths, protocols, and

dependencies.
A business typically has multiple call types:

® |nternal extension-to-extension calls

Calls to and from external numbers

Calls with features, like call transfer, park, voicemail, and call recording

Any special routing, like hunt groups, time conditions, or geographic failover

If you skip this breakdown, you end up testing a single happy path and calling it complete. That is how you get

through validation with perfect test notes and then fail in production on the call feature you never tested.

| usually build a small call script library early. Not a formal document with dozens of pages, just enough scenarios
to keep testing grounded in reality. For example, pick one department with heavy day-to-day calling, one
department with lots of transfers, and one department that uses voicemail frequently. Those groups tend to reveal

issues faster than a randomly selected user.

Verify the network assumptions, not just the bandwidth

VolIP quality is not purely about throughput. You can have a fat internet connection and still experience one-way
audio, jitter-induced distortion, or call drops. Voice relies on latency consistency, packet loss behavior, and how the

network treats small packets with real-time constraints.
When you test, treat the network like it is untrustworthy until proven otherwise. That mindset pays off.
Key factors that determine voice behavior include:

® |atency and jitter along the path from phones (or softphones) to the VoIP platform and back
® Packet loss, especially short bursts that might not show up on general monitoring
® Queueing behavior when the network is busy, including how QoS is actually configured and enforced

* NAT traversal behavior, since many environments rely on it for remote users



® Security devices, like firewalls and SBCs, that can alter traffic timing and sometimes block media if rules are

incomplete

Even when you have QoS enabled “in theory,” you need proof. | have seen environments where QoS markings
were correct from the VoIP platform side but lost or rewritten by an intermediate switch, resulting in the voice
packets being treated like normal web traffic during congestion. The symptoms look like “network problems,” but

the fix is a QoS trust boundary or a policy on a specific hop.

Build a test environment that mirrors production

If you test VolP in a lab environment, you might learn how the software behaves, but you will not learn how the

organization behaves.
Try to match the following as closely as you can:

e Same VLANSs and tagging approach for voice, data, and management traffic

* Same WAN routing, same firewall rulesets, same SBC placement

Same SIP trunk provider settings, including codecs and any media transport preferences

Same endpoint types, not just one kind of desk phone

Same Wi-Fi design for any wireless endpoints, including SSIDs, roaming behavior, and client isolation settings

There is a trade-off here. Full production mirroring can be expensive or time-consuming. When budgets or
timelines are tight, | prioritize the paths most likely to break. That typically includes remote user connectivity, any

location using a weaker WAN, and any segment with heavy congestion risk.

One practical trick: if you cannot mirror everything, mirror the worst likely conditions. For instance, if one branch
location is known for intermittent congestion during lunch, run your voice tests during that window rather than in

the quiet morning hours. Voice systems reveal problems faster when the network is already under stress.

Choose a test cohort that represents real calling behavior

A technical test with a handful of colleagues in the same office can miss issues that appear only with different
endpoint behavior. Softphones, desk phones, and fax-like edge cases can all behave differently. If you are

migrating across locations, include at least one endpoint in each major site.

Also, do not ignore the human factor. Users interact with features in ways test scripts do not anticipate. A transfer
call that loops due to routing rules, a voicemail prompt that times out, or a call forwarding rule that behaves

differently than the old system are the kinds of issues that will surface only with actual use patterns.
When possible, use a mixture of:

* Frequent callers (call-heavy departments)
® Feature users (transfer, conferencing, call forwarding)
® Remote users (if your rollout includes them)

® People on different device types (desk phones and softphones, if applicable)

| tend to aim for enough breadth to find defects quickly, not enough quantity to drown in noise. Too many
participants early creates chaos, making it harder to isolate the cause of any issue. You want signal, not just

volume.



Define what “good” looks like before you start testing

One reason VolP tests can feel endless is that people disagree about what qualifies as acceptable. Decide up front

what outcomes you will measure and how you will interpret them.
For example, you can define quality goals at two levels:

1. Call success: did the call connect, and did the user hear and speak normally?
2. Call stability and quality: did calls drop, how often did one-way audio occur, how did media behave during

congestion?

You do not need to invent a perfect numeric standard. But you do need a shared baseline so you do not end up

with vague statements like “it seemed fine.”

In my experience, the fastest way to align teams is to specify acceptance criteria in plain terms. For instance, “no
one-way audio during a two-hour test window under normal office load,” or “call transfer completes reliably for all
tested variants.” These are measurable through observation and logs, even if you are not using a formal MOS

scoring system.

Test signaling and media separately, then together

In VolIP, signaling and media are related but not identical. Signaling includes SIP registration, call setup, ringing,
and feature operations. Media is the RTP stream that carries the audio.

You can have signaling work perfectly while media fails due to NAT traversal, firewall rules, or misaligned port
expectations. Or the opposite can happen, where call setup fails because SIP messages are blocked or rewritten

incorrectly, even though the network can carry RTP if it were allowed.
That is why it helps to test in layers:

* Confirm endpoints register and can place calls at all (basic signaling success).
® Confirm audio flows both ways (media path success).

® Confirm features work (call control consistency).

e Confirm performance under load (stability and resilience).

If your testing tooling can capture SIP and RTP, use it. If not, logs from the VolP platform and the network edge

can still tell you whether media is arriving, whether retransmissions occur, or whether traffic is being blocked.

Validate codecs and negotiation behavior

Codecs sound like a technical detail until you see what happens when negotiation changes under certain call types.
Codec mismatch can cause garbled audio, excessive latency, or failure to connect when the other side does not
support the same set.

You should validate:

* What codecs each endpoint and trunk will offer
® Which codecs actually get negotiated in practice
® Whether there are different behaviors for internal calls versus external calls

* How the system reacts when the preferred codec is not available



I've seen a scenario where internal calls were fine, because endpoints supported the preferred codec. External calls
went through a trunk that did not. The negotiation fell back to a less optimal codec, and the quality degraded

noticeably during longer calls. The call still “connected,” so the issue was not obvious in a short test.

To avoid that trap, run tests long enough to expose issues that only appear after minutes, like buffer adaptation,
re-INVITE handling, or jitter sensitivity changes. Short tests are useful, but they do not replace realistic call

durations.

Stress the system using realistic traffic patterns

Once the basic calls work, stress them. Not with synthetic traffic that bears no resemblance to your day, but with

the kind of congestion and competing traffic your users will generate.
Think about the behavior of your network during:

® Lunch time and marketing hours when internet usage spikes
® Backup windows and scheduled jobs that can saturate links

® Peak call hours when lots of endpoints place calls simultaneously

You do not necessarily need a full production load test. You need enough concurrent calls and enough
background traffic to trigger the network behavior you care about. If your environment uses QoS correctly, voice
should stay stable even as other traffic increases. If QoS is broken or incomplete, voice quality usually drops first

and most clearly.

Be careful here. If you generate too much load in the wrong way, you can create artifacts that are not
representative, and you might chase a network problem that would not exist in production. It is better to start

with a moderate load and then increase deliberately.

Pay attention to edge cases that break migrations

Not all VolP failures are “obvious.” Some are feature-specific, others are geography-specific, and a few are

configuration-specific in a way that is easy to overlook.
Common edge cases include:

e (Calls from remote users where NAT and firewall rules differ from onsite behavior
® One-way audio during certain network transitions, like VPN changes or Wi-Fi roaming

® Feature interactions like transfer to an external number, especially when routing rules differ between internal

and external contexts

* Call recording or voicemail integration, which can affect media paths or introduce additional signaling

dependencies

® Emergency calling behavior, if it is part of your requirements and you have location mapping or E911-like

services to consider

You should explicitly test features you rely on daily, not just basic calling. The old system might have tolerated
certain quirks, while the new system might enforce stricter SIP behavior. That difference shows up during real

usage, especially when people dial different destinations or use call routing more creatively than you would in a
lab.

Use endpoints and networks you will actually deploy



If you have an office with one model of desk phone, that is only part of your story. Users log in on their way to
work, Voice over Internet Protocol or from shared desks, or from a home internet connection that is less stable

than the corporate site.

For any endpoints that will operate over Wi-Fi or remote networks, include them in your test cycle. At minimum,

validate:

® Registration stability over time, not just right after deployment
e C(Call setup times during normal network conditions
* Media quality across varying round-trip times, especially for remote users

* Roaming behavior if you expect users to move between access points

A mistake | have seen repeatedly is to validate onsite hardwired endpoints thoroughly, then skip remote or Wi-Fi
validation because the onsite test “worked.” The migration then suffers user-visible issues that were not

considered during planning.

Create a simple evidence trail for acceptance

VolP testing can generate lots of raw logs, but people need summaries that answer a few questions: what was

tested, what passed, what failed, and what was fixed.

| recommend keeping a lightweight test log with call scenario names, time of day, endpoint type, call duration,

observed symptom if any, and links to relevant logs or screenshots. This is not bureaucracy, it is risk management.
When an issue appears, you will want to answer quickly:

® Does it happen on one site or everywhere?

Does it happen for one endpoint model or across devices?
* Does it happen for internal-only calls or only external calls?

® Does it correlate with QoS trust, NAT, or a specific routing policy?

A clean evidence trail helps you avoid “the blame game” and instead move toward fast remediation.

Step-by-step: a practical pre-migration VolP test cycle

You do not need to run every possible test case imaginable. You need a cycle that reliably finds the biggest

migration risks while keeping stakeholders informed.
Here is a practical approach you can adapt to your environment.

¢ Confirm endpoint registration and basic SIP call setup for each site and endpoint type.

¢ Validate two-way audio for internal calls and external calls, including transfers and voicemail.

e Stress-test during realistic busy windows with controlled background load and a limited concurrency target.
* Verify failover behavior for key dependencies, like WAN edge links or trunk routing changes.

* Document outcomes with enough detail to reproduce failures and prove fixes.

That sequence tends to catch the majority of issues early, particularly signaling problems, media path blocks, and

feature-specific failures.

What to measure during tests
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Measurement does not have to be complex, but it should be consistent. If you measure different things each day,

you will not be able to compare outcomes across fixes.
At a minimum, track:

e Call success rate for each scenario (internal, external, transfer, voicemail)
* Qualitative media quality observations, like choppiness, delays, or echo
* Timing indicators you can extract from logs, such as setup time or retransmission counts
* Occurrence frequency of failures, like one-way audio incidents per call hour
* Any correlating network events, like firewall drops, routing changes, or QoS counter changes
If your organization already uses monitoring tools for network performance, tie the voice issues to those signals.

The goal is to avoid guessing. When a call goes bad, the more you can connect it to packet loss bursts, jitter

spikes, or a policy change, the faster you can fix it.

Handle security and firewall changes with extra care

Security devices can be the silent cause of VolP issues. VolIP traffic is not just one protocol, it can include multiple

ports, dynamic media ports, and different traffic patterns depending on how the system is configured.
During testing, check for:

® Firewall rules that allow both signaling and media

* Whether media uses fixed ports or dynamic ports, and whether that matches firewall expectations
e Correct SIP helper or ALG behavior, if relevant, and whether it breaks rather than helps

® SBC behavior, especially how it handles NAT and codec negotiation

* Any rate limiting or deep packet inspection that can affect real-time flows

If you are migrating to or changing an SBC, test that component separately when possible. SBC issues can look

like random audio problems, especially during codec fallback or renegotiation.

Also, take special care with remote users. Remote VolP setups often rely on specific NAT traversal settings. If those
are wrong, registration might succeed but media might fail intermittently. Users will then say things like, “It works

when | call my coworker, but not when | call outside,” which is a clue that the media path differs between call

types.

Watch for configuration mismatches between old and new systems

Migrations often fail because teams assume feature parity without validating configuration differences. Two

systems might both “support call forwarding,” but their behavior can differ in subtle ways.
Examples of mismatches that commonly surface:

¢ Different forwarding rules precedence, especially with simultaneous conditions
¢ Differences in how transfer or conferencing handles attended versus unattended scenarios
¢ Different voicemail policies, like when a call is sent to voicemail based on call outcomes

e Different routing behavior based on time conditions, departments, or caller ID presentation

This is where your earlier call script library becomes valuable. It is one thing to test a call to a generic external

number, and another to test the path that a department actually uses during a busy afternoon.



A second checklist: the minimum you should get through before
cutover

Even with a lot of testing, you want a hard “do not proceed” gate. Use this as a sanity check right before sip-based

telephony the migration window.

e Successful internal calls with transfers and voicemail, for every endpoint type involved

Successful external calls through every trunk path you expect users to use
* No systemic one-way audio incidents during a sustained test window
® QoS or prioritization verified across the relevant network hops (or explicitly documented if not)

* Known issues tracked with owners, fixes, and rollback or workaround guidance

If any of these cannot be met, | would not cut over blindly. You might still proceed with a limited rollout, but the

risk should be intentional and communicated, not accidental.

Decide how you will roll out if testing uncovers issues

Even with careful testing, you may find something you cannot fix quickly. The question then becomes how you

manage rollout.
Common rollout approaches include:

* A staged migration by department, so the blast radius stays small

A site-by-site approach, especially if WAN characteristics differ

A pilot group of users using the new system alongside the old system, if coexistence is supported

* Feature gating, where noncritical features stay on the old system temporarily

The right choice depends on your platform capabilities, your integration complexity, and your tolerance for
temporary inconsistency. What matters most is that you pre-plan the operational response. Users feel downtime

more during peak calling times, so if you must stage a rollout, pick the order strategically.

Use real call durations and realistic feature usage

One of the most common oversights in voice tests is the “short call bias.” A five minute test can look perfect, while

a 30 minute call reveals jitter buffering issues, packet loss sensitivity, or endpoint resource constraints.

During testing, include at least a few longer calls. Not constant long calls for everyone, but enough to confirm the
behavior remains stable as the session ages. Also include feature operations during calls, like transfer at minute 10,

call forwarding at minute 15, or joining a call shortly after it starts.

A voice system is a living session. It is not just call setup.

Confirm metrics after fixes, not just the original failure

When you fix a VolP issue, resist the urge to only confirm the single scenario that failed. Fixes can change behavior
in other call paths. For example, adjusting firewall rules or media port handling can resolve one scenario but open

or block another.

After every meaningful fix, rerun at least the minimum set of scenarios across call types. If your acceptance criteria

include “no one-way audio” or “transfers work reliably,” verify those goals again rather than declaring victory
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because one call worked.

This is also where good test evidence helps. If you know exactly what changed, you can better predict what else

might be affected.

Prepare for the day after migration: monitoring and feedback loops

Testing reduces risk, but it cannot eliminate all surprises. Your best defense after cutover is strong monitoring and

a fast feedback loop.
Plan for:

® (Clear escalation paths when calls fail
* How quickly you can correlate user reports to logs and network telemetry
® A process for capturing call scenarios that reproduce issues
* How you will prioritize fixes based on impact, not just urgency
Voice failures can be intermittent, so your ability to gather consistent details quickly matters. Ask users for specifics

when something goes wrong, time of call, caller and callee, device type, whether they were on Wi-Fi or wired, and

what the symptom was. The more precise the report, the faster you can narrow down the cause.

The real goal: prove reliability, not just functionality

The heart of VoIP (Voice over Internet Protocol) testing before migration is proving reliability. Functionality is the

easy part. Many systems can place calls in a controlled environment with minimal stress.

Reliability is what users feel. It is whether call transfer works every time, whether remote callers have consistent
two-way audio, whether quality holds up during busy hours, and whether the system behaves predictably when

conditions change.

If you build your test cycle around real call paths, validate both signaling and media, run realistic stress during
busy windows, and keep a lightweight evidence trail, you will enter cutover with real confidence. And if something
still goes wrong, you will fix it faster, because the system will have already been tested under conditions close to

production.

That is the difference between a migration that feels smooth and one that turns into a long week of fire drills.



