Echo and feedback are the two problems that make a VolP (Voice over Internet Protocol) call feel broken even
when everything else is technically “working.” You can have perfect registration, no packet loss alarms, and strong
signal, yet the conversation still turns into a war of reflections and squeals. The frustrating part is that echo and
feedback often share the same physical root: audio leaving your devices and coming back through the room, the

network, or the far end’s audio path.

Over time, I've learned to treat echo and feedback as symptoms, not diagnoses. The fix is rarely one setting. It is
usually a chain: device choice, audio path configuration, microphone and speaker behavior, codec and jitter
behavior, and the way endpoints handle echo cancellation. This article is written from that practical mindset, with

the kinds of tests and judgments you end up making on real calls.

What echo actually is in a VoIP call

Echo is delayed audio from the far end (or local audio) that returns to the speaker and becomes audible as a
“repeat.” In VolP, echo can be caused by:

1. A true acoustic loop, like a speaker playing the caller’s voice while the microphone picks it up.

2. An electronic loop, like audio routing in a softphone, USB headset, audio interface, or conference system.

3. A network and buffering issue where packets arrive late enough that the talker hears a delayed version.

The key detail is delay. Acoustic echo delay can be short enough to feel like talking “through water” or like you are
hearing yourself. Network-induced delay tends to be more predictable, often showing up as a distinct second

voice, especially during double-talk (both parties speaking at once).

In practice, many teams lump all "echo” into one bucket, but the fix depends heavily on whether the audio is
acoustic or electronic. If you can hear your own voice coming back, that is a strong hint. If you only hear the other

party sounding like they are in a hallway, that often points to acoustic pickup at the far end.

Feedback is different, but it shares the same causes

Feedback is the harsh squeal or howl that happens when a microphone signal loops into a speaker fast enough to
reinforce itself. With feedback, the pitch can change as the system oscillates. It is common in speakerphones,

conference rooms, and any setup where microphones and speakers are not tightly controlled.

VolP amplifies feedback because many deployments rely on conference endpoints, SIP phones with built-in
speakers, or room hardware that is already marginal. If the echo path is not controlled, the feedback loop can start
quickly. The moment someone moves the microphone closer to the speaker, or a new device joins the call, the

balance tips.

A practical way to remember it: echo is “replay,” feedback is “runaway amplification.” Both require controlling the

audio path, but feedback is usually more sensitive to gain staging and physical placement.

Start with fast identification: what are you hearing, and when?
Before changing codecs or firewall rules, it helps to answer a couple of questions by listening closely:

® Does the echo happen only when you speak, or also when the other person speaks?

® |s the echo constant, or does it change with volume?



® Does it worsen when both sides talk (double-talk)?

® Does it get better if you switch from speakerphone to a headset?

Those questions usually tell you where the loop is. In my experience, the headset test is the quickest, because it
isolates the room from the audio path. If the problem disappears instantly when you use a headset, you likely
have an acoustic echo or feedback loop. If it persists with a headset, you are probably dealing with electronic
routing, conferencing audio settings, or remote echo cancellation that is not working well with the far endpoint.

A headset is not just a convenience. It is a diagnostic tool.

The most common root causes I've seen in the field

1) Speakerphone use and poor placement

Conference rooms are a classic source of echo and feedback. Even with decent echo cancellation, the system has to
separate near-end speech from far-end speech. If the microphone is too close to the speaker, or the room is lively

with reflective surfaces, echo cancellation can struggle.

There is also a "human factor” issue. People turn volume up to compensate for background noise. That extra far-
end volume increases the echo path energy, making cancellation harder and raising the risk of feedback. I've
watched Voice over Internet Protocol teams chase echo by turning volume down and then turning it back up later

because someone “couldn’t hear.” That cycle keeps echo alive.

2) Wrong audio device selection in softphones

This is an embarrassingly common one. A laptop might have multiple playback devices. Someone launches a
softphone and it uses “HD Audio” output, while the microphone comes from a different interface. Or it uses
system audio for playback while using a USB headset as input. The mismatch can create an electronic loop or at

least confuse echo cancellation.

If your VolP endpoint is a desktop or browser softphone, verify both playback and microphone devices at the
operating system level, not only inside the softphone. I've seen calls behave perfectly for one user and poorly for

another, simply because one had chosen a different default device profile.

3) Double echo cancellation and mismatched endpoints

Echo cancellation is designed to work in a specific direction. In many VolP systems, both endpoints might run echo
cancellation and noise suppression. That can be beneficial, but it can also lead to odd artifacts if one side assumes

a different audio format, different packetization, or different end-to-end delay.

When echo cancellation “fights itself,” you can hear warbling, ducking, or changing echo levels depending on who
speaks first. This is harder to detect by ear, but you can often infer it by observing whether echo cancellation

artifacts change with bandwidth or with different codecs.

4) Jitter buffer and excessive latency

VoIP is real time, but it is not instant. If jitter grows, endpoints add buffering to keep speech from chopping. Too

much added delay can turn a manageable reflection into a clearly audible echo.

This is where the network meets the audio stack. Even if the call “looks okay,” the jitter profile might be spiky. A

jittery path can cause echo cancellation to perform poorly because the far-end signal becomes less continuous.


https://www.washingtonpost.com/newssearch/?query=Voice%20over%20Internet%20Protocol

If the echo is worse on Wi-Fi than on Ethernet, jitter and buffering are good suspects. If a mobile network switch

changes the behavior mid-call, that also fits.

5) Codec and packetization choices that don’t play well with the hardware

Codecs define how speech is encoded, and packetization defines how many milliseconds of audio are packed into
each network packet. Echo cancellation performance depends on how the audio frames behave. Some devices do
better with certain codecs, especially when hardware echo suppression is optimized for typical telco-style

packetization.

I'm careful not to claim that one codec always solves echo, because deployments vary. What | will say is this: if
echo started after a migration, or after a “codec optimization” change, treat codec and packetization as part of the

suspect list.

A practical way to narrow the problem down: local vs remote
The fastest professional approach is to isolate where the echo is generated. Here is a simple logic | use:

If you hear your own voice echoed, suspect your local transmit path and your local playback path. If you hear the

other party’s voice echoed, suspect the remote side or the conferencing gear at their end.

One quick test is to switch roles. Have the far end speak while you stay silent, then swap. Observe which direction
the echo becomes obvious. Another test is to place the far end on a headset on their side, if possible. You might

be surprised how often the problem clears when only one party changes audio hardware.

In environments with managed devices, | also ask whether echo started right after a conference system update.
Firmware changes are notorious for improving one audio behavior while regressing another, especially around

hands-free audio profiles.

What to change first, without breaking everything

| recommend a sequence that reduces risk. You want changes that are reversible, changes that have immediate

diagnostic value, and changes that don't degrade call quality more broadly.

Step one: remove the acoustic loop

Use the simplest “make it quiet” test. Switch from speakerphone to a wired headset, or at least ensure the device
has a proper headset profile selected. If the VoIP call platform offers headset mode, use it. If you are in a meeting

room, lower the room volume and move the microphone away from speakers if the hardware permits it.

The goal is to see whether echo and feedback are fundamentally acoustic. If they disappear, you can focus on

placement and gain control rather than codec tuning.

Step two: verify audio device routing in the endpoint

Check the playback output and microphone input selection. In many systems, it is possible to select a different
output device for the VolP app than for the operating system. When those choices do not align with the echo

cancellation design, you can create self-interference.

Also check that you are not using software “enhancements” that can interfere with real-time audio, such as some
noise suppression and virtual surround modes. These features can add latency or alter audio frames in ways that

echo cancellers are not expecting.



Step three: adjust conferencing and room audio settings

If the issue is in a room, it is often not the network. It is the tuning between the room microphones, speakers, and
the conference endpoint. Many systems have explicit echo cancellation or “room mode” settings. If echo is worse

in larger rooms, the room mode likely needs to match the physical setup.

Gain staging matters. If you can hear far-end speech loudly but not clearly, you might be turning volume up to

compensate for background noise. That turns the speakers into a stronger echo source.

Step four: check network stability indicators

If the echo appears only on certain links or only at certain times, network stability becomes more important. Jitter
and packet loss affect smooth audio continuity. Even if packet loss is below thresholds that trigger alarms, jitter

spikes can still cause late frames that echo cancellers cannot track.

If you have access to call quality metrics, look for patterns around the time echo becomes prominent. If echo
correlates with Wi-Fi roaming, power-saving mode changes, or a particular VLAN segment, that is a strong

direction.

Step five: only then revisit codecs and jitter buffer behavior

Codec changes can be beneficial, but they should be done with care because you can inadvertently reduce audio
clarity elsewhere. If your provider or platform supports controlled testing, apply codec and packetization changes

for a small group and compare outcomes.

Echo cancellation performance can vary by device, so a codec change that helps one handset might not help

another.

A short “field checklist” you can run on the next call

Here is a tight checklist | use during troubleshooting because it avoids random toggling. Each item is something

you can observe quickly and reverse quickly.

¢ Test with a wired headset on the affected endpoint, and repeat the same call with the speakerphone off.

® Confirm the softphone or SIP client is using the intended microphone and playback devices at the operating

system level.
* Lower playback volume and re-evaluate feedback behavior, especially in meeting rooms.
* Swap network path if possible, for example Ethernet vs Wi-Fi, to see whether jitter correlates with echo.

¢ |f the call is via conferencing hardware, check the room profile and disable any extra audio effects temporarily.

If the issue disappears with a headset, you can treat room acoustics and device routing as the primary suspect. If it

persists, focus on endpoint configuration and network behavior.

When feedback starts: how to stop the howl fast

Feedback is urgent because it can permanently damage hearing if someone panics and cranks volume further. It

also makes the rest of the call unusable.
The most common immediate fixes are physical and procedural:

Lower speaker volume first. Then reduce microphone gain or move the microphone away from the speaker. If you

have echo cancellation settings, ensure they are enabled and that the device is in the correct hands-free profile.



Finally, if there is a choice of using a different endpoint, choose one with better acoustic isolation, like a dedicated

conference phone with tuned microphones.

If you are supporting a customer and they tell you “it starts squealing the moment we join,” it often points to a
conferencing integration misconfiguration. The far end might also have a speakerphone that is too loud, and the
system never stabilizes. Stabilization is not just a technical matter, it is also a practice: people must start the room

at a safe volume and then adjust in small increments.

Understanding why echo cancellation “fails” on some calls

Echo cancellation works best when it can model the echo path. That path includes how audio leaves the speaker,

how it reflects in the room, how the microphone picks it up, and how the far-end signal returns.
It fails when:

® The echo path changes quickly, like someone moving a phone during a call.

® The double-talk situation is intense and continuous, like a busy meeting where everyone talks over each other.
® The far-end audio is too loud, too close to the microphone, or has unusual spectral characteristics.

* The audio frames are not consistent, because jitter buffers and packetization irregularities distort the

continuity.

This is why the same room can be fine one day and not the next. The hardware might not have changed, but

something about the environment does, chairs moved, window open, a fan turned on, or volume increased.

One technical reality that helps: many echo cancellation systems have a limited range. If delay exceeds what they
can model, you start hearing more distinct echoes. That can be driven by latency, not by loudness alone.

A small guide for interpreting symptoms

When you hear echo or feedback, the sound itself contains clues. I'm not talking about “mystical listening,” just

plain patterns.

Echo that changes with volume

If echo is internet protocol telephony louder at higher playback volume, that usually indicates an acoustic loop.
The solution is typically gain and placement. If it is loud at low volume too, consider electronic routing or an echo

cancellation mismatch.

Echo that appears only when both talk

If echo spikes during interruptions or overlap, double-talk is a likely trigger. Solutions might include better full
duplex handling, improved endpoint echo cancellation, or reducing room volume so cancellation has more

headroom.

Feedback that starts instantly on connect

If squeal appears the moment a party joins, it is often a room audio configuration issue or mismatched audio
routing. Check for any automatic device switching, like Bluetooth reconnecting or switching output to a speaker

mid-call.

Echo only on one network type
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If it happens on Wi-Fi and not on Ethernet, suspect jitter and roaming. If it happens on mobile and not on home

broadband, suspect variable latency and packet scheduling.

Configuration pitfalls that look unrelated but aren’t
Some things cause echo because they alter the audio stream timing.

® Using Bluetooth headsets in inconsistent connection states. Bluetooth can introduce variable latency and

sometimes changes audio codecs mid-stream.

® Running multiple audio devices simultaneously, like system notifications on speakers while the VolP call plays

on another output.

* Applying “voice enhancements” in OS or vendor software that add processing delay. Echo cancellers are

designed around typical frame timing, not unpredictable processing chains.

* Misconfigured conferencing routing, like “monitor mix” turned on. In that case, the microphone might be

feeding back into playback in a way that makes echo cancellation struggle.

It can be tempting to only look at the VolP platform settings. But the audio chain might be built from five layers of

software and one layer of hardware. You need the whole chain, not just the transport.

Codecs and packetization: what to consider before changing them

Codecs influence bandwidth and audio frame structure. Packetization influences how often audio frames are

shipped and how much is in each packet. Both affect end-to-end delay and how stable the audio is.

If you have to change codec settings, do it as a controlled experiment, not a broad global switch. In deployments
with mixed endpoints, a codec change can improve echo performance on one device class but reduce clarity on

another. The "best codec” is rarely best everywhere.

Also pay attention to transcoding. If calls traverse multiple providers or media relays, there may be transcoding
steps that affect audio frame integrity. Echo cancellation quality can change if the audio is encoded, decoded, and

re-encoded multiple times.

If you can, compare call behavior between endpoints that use hardware audio processing and those that rely

entirely on software mixing. Hardware-accelerated audio paths can respond differently to codec settings.

Testing in a way that leads to real answers

The test should answer one question at a time. If you change five things at once, you will not know what fixed it.

That sounds obvious, but in real support calls, people do it when they are under pressure.
A good pattern is:

* Make one change at the local endpoint, like switching to headset mode.
® Repeat the same call scenario.

* Observe whether echo disappears, becomes quieter, or becomes more “robotic” in a way that suggests

buffering issues.

If your environment includes a call recording feature or call quality metrics, capture time stamps. Echo might not
show up immediately. In busy rooms, it often appears after someone adjusts volume or when a second participant

joins and the audio mix changes.



I've seen teams label a call "no issues” early and then miss that the echo only starts at the 12 minute mark when

noise conditions change.

Edge cases that catch people off guard

One party hears echo, the other doesn’t

That is possible if echo cancellation works well on one endpoint and not the other. The far end might be picking up

acoustic reflections from their side, but their echo canceller compensates. Yours might not.

Echo only during ringback or hold

Some systems handle hold audio differently. If the hold announcement plays through a speaker while the
microphone is active, acoustic pickup can create a unique echo signature. It can also happen if the “source” of

audio changes during hold, like switching between local and remote media paths.

Feedback caused by screen sharing audio

In some setups, the audio source for the call might be shared with video conferencing software. If the system
routes that shared audio to the same output device as the VolIP call, you can create a loop. The loop might not be

obvious because it sounds like echo, not squeal, until someone increases volume.

Bringing it home: a decision framework, not a random tweak

When you repair echo and feedback in VoIP, you are doing engineering with your ears and your knowledge of
audio chains. The best outcomes come from matching the symptom to the likely cause, then changing the least

risky variable first.

If echo disappears with a headset, treat it as an acoustic or routing problem. If echo persists with a headset, look
at endpoint device selection, audio routing, and network stability. If feedback starts quickly, focus on gain staging,

room profiles, and any configuration that causes mic to hear itself.

And if you do change codecs or packetization, do it like a controlled test. The goal is not the “perfect setting,” it is

a stable media path that echo cancellation can handle.

Echo and feedback are miserable when they show up, but they are also solvable. Most of the time, you do not
need magic, you need disciplined isolation of where the loop is forming, then the right fix in the right layer of the

system.



