
When voice quality slips, it rarely feels like a slow computer problem. It feels like something is tugging at every
sentence you try to speak. Latency makes conversations feel late, jitter makes them stutter, and both together can
turn normal talk into a sequence of gaps and misunderstandings.

In VoIP (Voice over Internet Protocol), those issues usually come from a handful of predictable places: the network
path, how packets are queued, how the phones and the gateway buffer audio, and how the call control system
behaves under load. The tricky part is that “latency” and “jitter” are not just statistics on a dashboard. They map
directly to what you hear.

What latency and jitter actually do to a call
Latency is end to end delay, from when a talker produces speech to when the listener gets that speech and can
decode it. In a VoIP call, most media streams run in small frames, commonly 20 ms of audio per packet, sometimes
10 ms depending on codec and configuration. Add in encoding, packetization, buffering, and decoding, and you
can feel even moderate delays because conversational turn taking depends on timing.

Jitter is not the same thing. Jitter is variation in packet arrival times. You can have a call with a “reasonable”
average latency but wide jitter, and it will still sound broken because the receiving side must reorder and buffer
audio frames to smooth out the uneven arrival pattern. If the jitter grows beyond what the jitter buffer can
compensate, you start dropping or concealing missing audio.

A good mental model is this: latency sets the baseline delay, jitter decides whether the receiver can keep the audio
stream steady. When you hear a fast “robot” chop or gaps that seem random, jitter is often the culprit. When you
hear people talking over each other, waiting for their turn, or like the remote speaker is constantly a half beat
behind, latency is more likely.

The main sources of latency
Latency in VoIP is a chain, and any weak link stretches the chain. Some causes are obvious, like routing through a
distant data center. Others are subtle, like queueing delays inside an access network.

1) Distance and routing choices

The physical distance between sites matters, but routing choices matter at least as much. Two networks can have
the same physical separation and radically different performance depending on what intermediate hops they use.
A detour through a congested transit provider can inflate the delay and, more importantly, the variability.

A practical detail that comes up often: a firewall or SBC (session border controller) change can silently reroute
media paths. Control signaling might still work, but RTP (the media stream) can take a different route with different
latency and jitter characteristics.

2) Congestion and queueing delay

Congestion is where latency becomes dynamic. When packets wait in queues, the waiting time depends on traffic
patterns. If you see latency spikes at certain times of day, or during backups, downloads, or large file transfers,
queueing delay is the usual suspect.

The “gotcha” is that VoIP packets are small and time sensitive. If your network is oversubscribed or your QoS is
missing, voice packets can sit behind bulk traffic in the same queue. Even if the average utilization does not look



extreme, microbursts can trigger queue spikes that show up as jitter.

3) Buffering at endpoints and media relays

Endpoints and media relays add delay by design. Codecs use lookahead and packetization, and jitter buffers
intentionally trade delay for smooth playback. SIP proxies, media gateways, and SBCs can also introduce
processing delay.

This is why two networks with the same measured network latency can behave differently at the user. One might
be using a larger jitter buffer, which reduces stutter but increases one way delay. Another might be configured
with a smaller buffer, which keeps delay low but makes the audio fragile under jitter.

4) Misconfigured MTU and fragmentation

Fragmentation is a silent killer for real-time traffic. If a VoIP packet path crosses links with smaller MTU than
expected, packets may fragment at the IP layer. Fragment loss or reassembly delays can cause bursts of missing
audio.

You might not see a high average packet loss rate, but you will see increased jitter and more frequent
retransmission or loss concealment. In real environments, this tends to show up after a VPN, a new ISP circuit, or a
change in tunneling overhead.

Where jitter comes from (and why it surprises people)
Jitter is variation in packet inter-arrival times. That variation usually comes from queueing behavior, scheduling,
and path changes rather than from “distance” alone.

1) No QoS, or QoS applied to the wrong traffic

Without QoS, VoIP competes in the same buffers as everything else. Even on a network with decent throughput,
the moment there is contention, the arrival spacing of RTP packets becomes irregular.

Even worse, some teams enable QoS but match the wrong DSCP markings or prioritize the wrong interface. I have
seen cases where only the signaling traffic was prioritized while the RTP flows were left in the default class. Calls
would connect fine, then degrade under load.

2) Wi‑Fi and roaming effects

Wi‑Fi adds its own timing variability. In an office, you might have a stable wired LAN and still get jitter on mobile
phones because retransmissions, power saving modes, and roaming events change packet timing.

Roaming is particularly interesting: many access points can hand a station off quickly, but the voice stream can
suffer during the transition. If you also have congestion on the 2.4 GHz band, you get both high jitter and
occasional packet loss.

3) ECMP and multipath in the routing layer

If your network uses equal cost multipath (ECMP), different packets in the same RTP stream can take different
paths. Even if the paths have similar average latency, the variation can be enough to worsen jitter. Whether it
happens depends on how the routing hashes are computed, and which header fields are used.



This is one reason why you can sometimes fix jitter by pinning RTP to a single path or adjusting ECMP hashing
behavior. It also explains why two consecutive test calls can sound different even when nothing “should” have
changed.

4) Switching and buffering on the carrier side

Sometimes jitter is not your LAN. Some access circuits and upstream providers introduce additional buffering or
different scheduling behavior. You can see this when your internal network is quiet and stable, but jitter spikes at
the demarcation or during specific upstream congestion events.

If you run testing, make sure you measure close to the edge for both directions. The most useful insight usually
comes from comparing what you see at your gateway versus what you see at the far end.

The relationship between codec, jitter buffer, and perceived quality
Codec configuration directly influences how many packets you send per second and how much audio each packet
carries.

A codec that uses 20 ms per packet sends fewer packets than one using 10 ms per packet for the same call
duration. With fewer packets, you are less sensitive to per-packet scheduling variability. But that does not mean
the codec “solves” jitter. It changes how much disruption each lost or late packet causes and how quickly a jitter
buffer drains or grows.

The jitter buffer itself is a policy choice. A larger buffer can absorb more jitter, trading for increased delay. In
interactive voice, too much one way delay pushes conversations toward awkward turn taking. Too little buffer risks
stutter.

In practical troubleshooting, I treat codec and jitter buffer settings as part of the symptom profile. If jitter is high,
you can sometimes improve intelligibility by increasing buffer size, but that can make the call feel late. If you only
raise the buffer and ignore the network, you often end up with a new complaint.

A field-tested way to troubleshoot: measure, then narrow
The fastest route to the truth is to avoid guessing based on what someone hears. Instead, separate the problem
into timing, loss, and call handling.

Here’s how I usually approach it.

First, confirm whether the issue is one-way or two-way. If only one side hears stutter, it may point to asymmetric
routing or queueing differences. Next, establish whether it correlates with time, device activity, or specific
endpoints. If it happens right after a file download starts, you are likely looking at queueing delay and missing
QoS.

Then measure.

At minimum, you want RTP jitter and packet loss metrics at the SIP/RTP gateway or SBC, plus interface utilization
and queue drops on your edge. If you can, capture packet timing on the same device that terminates RTP. That
avoids “reading tea leaves” from a distant switch. For Wi‑Fi users, measure on the wireless side or at least check
retransmission and signal quality during a degraded call.

A lot of teams also forget to check call setup and teardown behavior. If calls fail or re-invite repeatedly during
degradation, you might be dealing with signaling instability that forces media renegotiation. That can cause



audible issues that look like jitter.

If you do not have good telemetry, a quick packet capture during a test call can still help. You are looking for
uneven arrival spacing of RTP packets, retransmissions, fragmentation, or changes in payload type that suggest
renegotiation.

Quick pre-flight checks (worth doing before deep dives)

Verify that RTP traffic is marked and queued correctly for QoS, not just SIP signaling

Check MTU and tunneling overhead, especially if VPNs or GRE tunnels were added recently

Confirm your jitter buffer settings are aligned with your codec packetization interval

Compare wired versus Wi‑Fi endpoints, especially for mobile users and conference phones

Review routing path changes, including SBC placement and ECMP behavior

That small set of checks often narrows the problem enough to focus on a single network segment.

Common patterns and what they usually mean
Some issues repeat across environments. They may not be identical, but the shape of the problem is recognizable.

Pattern: good calls at idle, bad calls during backups or downloads

This strongly indicates congestion and queueing delay. Even if the link is not saturated most of the time, backups
and downloads create bursts, and VoIP is sensitive to microbursts. The fix is typically QoS enforcement, correct
queue mapping, and policing or shaping bulk traffic so it does not invade the voice class.

I once watched a team “fix” VoIP by adding bandwidth. The calls improved for a week, then worsened again after
someone enabled a cloud sync tool that generated sustained bursts. The link was technically “bigger,” but voice
packets still spent time waiting behind the wrong traffic in the wrong queue.

Pattern: jitter spikes randomly, independent of office traffic

This can point to multipath routing (ECMP), wireless roaming, or intermittent carrier behavior. It can also show up
with certain power saving modes on Wi‑Fi access points. A stable jitter number during a quiet test does not mean
stability under all conditions.

Pattern: latency feels high even when jitter looks acceptable

That often comes down to buffering settings or path length. It can also be caused by media relays that traverse
unnecessary hops. For example, if your SBC routes media through a region that is closer for signaling but not for
media, you get avoidable one way delay.

Pattern: audio is choppy with occasional “robot” artifacts

That is frequently jitter buffer overflow or packet loss. Packet loss can be caused by congestion, MTU issues, or
downstream drops on a security device. If you see burst loss correlated with certain segments of the path, focus
on those network elements.

Fixes that actually move the needle



Most VoIP fixes fall into three buckets: prioritize voice correctly, reduce or stabilize the media path, and tune jitter
buffering in a sensible way.

QoS: prioritize RTP, not just the idea of QoS

QoS needs to be end to end. Many networks only implement it on one side. If RTP is not DSCP-marked correctly
at the trust boundary, downstream devices cannot reliably classify it.

You want the marking strategy to be consistent: either your phones mark correctly and your network trusts and
maps those markings, or your SBC/gateway re-marks RTP on ingress and applies the correct queue policy.

In troubleshooting, I pay attention to whether queue drops are occurring in the voice class. If the voice class has a
small queue and drops under burst congestion, you will see jitter and loss. If the voice class has a large queue, you
might avoid drops but increase latency by buffering too much.

There is no single “perfect” queue size, but you should avoid letting voice join the default best effort queue.

Control traffic flows to avoid microbursts

If QoS alone does not stabilize things, look at how bulk traffic is shaped. Some environments benefit from shaping
or rate limiting large transfers, especially near the edge of low bandwidth circuits. The goal is not to throttle
everything, but to reduce the frequency and severity of microbursts Check out this site that collide with voice
packets.

If you already have shaping, confirm it is not configured in a way that worsens burstiness at the moment RTP
arrives.

Reduce unnecessary media hops

Media path optimization can make a bigger difference than many teams expect. Ensure that your SBC or media
gateway placement keeps RTP close to the endpoints and avoids hairpin routing. If you have multiple sites, confirm
that the media path is not bouncing through a central hub for calls that could be handled locally.

This is also a place where “it worked before” matters. Sometimes a new security appliance is inserted, and media
suddenly traverses more devices than it did months earlier. That changes both latency and jitter characteristics.

Tune jitter buffer settings carefully

If you must adjust jitter buffer settings, do it with measurements and with a clear expectation of the trade-off. A
bigger jitter buffer can prevent stutter when jitter is present, but it increases playout delay. In interactive
conversation, too much delay turns “wait for the answer” into part of the experience.

When jitter is high because the network is congested, tuning jitter buffers is treating the symptom. When jitter is
moderate and unavoidable due to a constrained link, a carefully chosen buffer can be the difference between
“barely usable” and “fine.”

Fix MTU and fragmentation risks

If you see odd RTP behavior after adding a VPN or new ISP circuit, check for MTU mismatch. The tunneling
overhead can shrink the effective MTU. VoIP packets that fragment and then get dropped can create bursts of
missing audio that sound like random stutter.

https://getvoip.com/blog/virtual-phone-number/


The best fix is usually to set the right MTU end to end and ensure your network path supports it. Avoid guessing.
Confirm with packet captures or diagnostic tools that can reveal fragmentation and reassembly patterns.

A practical trade-off: chasing low numbers versus good conversations
Dashboards often tempt teams to optimize for one metric. But in voice, the goal is intelligibility and comfort, not
perfect graphs.

For example, you might reduce jitter by increasing jitter buffer depth. Your jitter graph improves, but users
complain that the conversation feels “slower.” Another team might reduce latency by shrinking the jitter buffer,
but then stutter becomes noticeable during brief congestion.

Here’s how I typically interpret the trade-off:

If callers mainly complain about stepping on each other or feeling late, focus on one way delay and playout
delay

If callers complain about choppiness or missing syllables, focus on jitter and packet loss

If it’s both, address QoS and congestion first, then revisit buffer settings once the network is behaving more
predictably

Quick comparison: latency versus jitter symptoms

| Symptom pattern | More likely cause | Typical network behavior | |---|---|---| | People overlap words,
conversations feel “behind” | Higher one way latency or larger playout buffer | Longer path, unnecessary media
hops, or buffer tuning | | Stutter, gaps, robot artifacts that come and go | Jitter buffer overflow, packet loss, queue
drops | Congestion bursts, Wi‑Fi retransmissions, ECMP variability | | Audio is steady but “far away” | Consistent
delay | Stable routing with longer propagation or processing delay | | Audio degrades only on Wi‑Fi clients |
Wireless timing variation | Roaming, power saving, retries, poor signal |

Notice how the “typical network behavior” points you toward measurements you can actually take.

Edge cases that cause weeks of confusion
Some problems persist because they masquerade as “audio quality.” Here are a few edge cases I see more often
than people expect.

1) Asymmetric QoS or asymmetric routing

You can have QoS applied in one direction but not the other. Or you might have asymmetric routing where RTP
packets traverse different queues in each direction. Users describe this as “it sounds fine when I speak, but not
when they speak” or the reverse.

A quick test is to compare RTP statistics for each direction at your gateway. If one side shows higher jitter or loss,
do not assume the user’s network is to blame. Look at the path.

2) Conference bridges and transcoding

If calls are being bridged and transcoded, codec behavior can change dynamically. Transcoding adds processing
delay and may also change packetization intervals. That can affect how jitter buffers perform.

Even if your network is stable, transcoding under load can create new timing issues. If the symptom correlates with
call volume in a particular conference bridge, check resource utilization there.



3) Firmware or configuration drift on endpoints

Voice over Internet Protocol

Phones and gateways update, sometimes changing how they mark DSCP, how they pace packets, or how they
handle buffer sizes. If you recently updated a fleet of devices, jitter and latency changes can follow.

In audits, I look for “who changed what” in the weeks before the issue. Sometimes the answer is as boring as a
template update that disabled QoS trust on a specific model.

4) Over-aggressive security inspection

Deep packet inspection, anti-replay, and certain firewall behaviors can add timing variation or drop packets under
certain traffic patterns. This does not always show up as high CPU. It can appear as occasional RTP loss or jitter
spikes.

If the jitter spikes correlate with security device load, review policies that affect UDP flows and RTP. The goal is not
to remove security, but to avoid breaking time sensitive traffic.

Building a stable voice network, not just fixing a call
Long term, you want a voice network that behaves predictably. That means you treat RTP flows as first class
citizens.

It helps to establish a consistent operational approach: document where RTP enters and exits your controlled
domain, define DSCP marking and trust boundaries, and set expected jitter and loss targets based on your codec
and user experience requirements. You do not need perfect numbers, but you should have a target range and a
method to verify it during change windows.

Also, test like reality. A perfect lab test on a quiet line can lull you into thinking everything is fine. Then the first
busy hour arrives, and congestion bursts recreate the problem. Plan tests with representative traffic: a backup job,
a typical user upload, maybe a video call on a side network if your environment supports it. That makes your
findings actionable.

When to escalate beyond your local network
Sometimes the network you control is not the main cause. If you see jitter spikes that align with ISP events,
upstream congestion, or provider-side retransmissions, you may need to engage the carrier with specific evidence.

The best evidence is timing and packet-level observations taken at your edge, plus evidence that your internal
LAN is stable. Include call time windows, the codec in use, and the RTP statistics during affected and unaffected
periods. Carriers respond better to concrete timing patterns than to vague “calls sound bad” complaints.

If you have an SBC, keep an eye on RTP statistics there during calls. It is often the most defensible measurement
point for carrier escalation because it is close to the media ingress.

Final reality check: what “fixed” looks like for users
A successful fix is not only lower jitter on a graph. Users notice clarity, smooth turn taking, and fewer moments of
“wait, what did they say?” After you implement QoS correctly, stabilize the media path, and remove MTU hazards,
most environments move from “unreliable” to “consistently usable,” even during normal office traffic.

http://www.thefreedictionary.com/Voice%20over%20Internet%20Protocol


If you are still chasing issues after that, you revisit assumptions: codec and buffer tuning, wireless behavior,
multipath routing, and the possibility that transcoding or device configuration changes are introducing variability.

Latency and jitter are intertwined, but they are not a mystery. They are signals of what the network is doing to
time sensitive packets. Once you measure the right place and match symptoms to behavior, the fixes become less
guesswork and more engineering.

If you want, tell me your setup at a high level (SBC or no SBC, site type, Wi‑Fi presence, approximate link speeds,
and codec). I can suggest a measurement plan and the most likely root causes to check first.


