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Is voice latency 
impacting your 
business growth?

An objective look at the
impact of network latency
on voice communications



While the laws of physics have remained consistent, the physics 
of a telephone conversation have changed.   

Telephone networks were once “circuit switched” where audio 
signals were transmitted electrically. Any delay between end-
points was governed by the speed of electricity over wire, which 
is not too dissimilar to the speed of light. 

The introduction of satellite communications to support long-
distance telephony did bring noticeable delays. Conversations 
travelled up to equipment in geosynchronous orbit and then 
back to the terrestrial networks, forcing users to concentrate a 
bit more and pace their communications.

Telecommunications, as we experience them today, are 
digital and “packet switched”. Voice signals are digitized and 
parceled into packets that are sent to a destination end-point, 
with individual packets taking different routes depending on 
network conditions.

Packets may arrive out of order or some may be lost altogether 
due to network events, but they are assembled at the receiving 
end back into voice. All of this packetising and sending takes 
time and the transmission of packets is blended with a stream 
of other communications and applications competing for 
attention. Conversations can experience the delay, frustrate 
the communication and impact the quality of the interaction. 
As a result, the duration of the call increases and customer and 
agent satisfaction decreases. In turn, this can adversely affect 
business growth, in terms of the cost of the calls, customer 
satisfaction and staff churn.

Contact centers and 
shared-services centers 
have brought operational 
efficiencies and process 
consistencies to many 
businesses. These, and other 
innovations, have leveraged 
expanded flexibility and 
global connectivity of 
TDM networks, and that 
flexibility has increased even 
more with the move to IP 
telephony and with network 
convergence.
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“
If you can only measure 
one thing, it should be 
effort ... our research 
finds that effort is the 
strongest driver to 
customer loyalty.

Sarah Dibble
Executive advisor, Gartner

Impact on CX

We have all had some experience where a poor telephone 
connection is a barrier to good conversation. This may be 
moving through a poor signal area when travelling by train, or 
it could be using a fixed-line from your home or office. When 
a customer service call suffers a poor connection, considerable 
customer effort may be required, whereas when a connection is 
of good quality, complete relaxation is possible.

What is latency and how is it experienced

With VoIP, the quality of your experience will depend on the 
quality of your internet connection, the quality of the internet 
connection at the receiving end of your call, and the quality of 
the internet connection along the path between you. This is 
simply unavoidable, due to the nature of VoIP, which stands for 
Voice over Internet Protocol after all.   

Traditional telephone calls may also suffer as carriers use IP 
transit to deliver calls to, or between TDM end-points. We are 
now also seeing traditional ISDN services approach end-of-
life, as networks become a general voice/data utility offering 
bandwidth for hire.

Latency is the time taken from when one person speaks to 
when the other person hears. There are many factors which 
can affect this time the most obvious is the speed of the 
network along the call path. If you are using VoIP your internet 
connection plays a part, but whether you are using VoIP or 
PSTN the speed of the carrier network and their downstream 
providers play a huge role.

Some of  the negative effects latency can have on audio quality 
include:

• Echo
• Overlapping sound, with one speaker interrupting the other.
• Slow and interrupted phone conversations.
• Disturbed synchronization between voice and other data 

types, especially during video conferencing.
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According to Gartner

Contributor: Jordan Bryan
Date: July, 2018

By reducing customer effort, service organizations can 
deliver higher-quality interactions and lower costs. The 
benefits are many:

• Positive word of mouth improves. The Net 
Promoter Score (NPS), a widely used service metric, 
is 65 points higher for top-performing low-effort 
companies than for high-effort companies.

• Repurchase rates increase. 94% of customers 
with low-effort interactions intend to repurchase 
compared with 4% of those experiencing high 
effort.

• Costs decline. Low-effort experiences reduce costs 
by decreasing up to 40% of repeat calls, 50% of 
escalations and 54% of channel switching. Overall, a 
low-effort interaction costs 37% less than a high-
effort interaction.

• Employee retention rises. When service reps can 
provide better experiences to customers they feel 
better about their jobs, and their intent to stay 
increases up to 17%.

“
It turns out, the service organization’s 
priorities of quality and efficiency 
aren’t mutually exclusive.

Sarah Dibble
Executive advisor, Gartner

Infrastructure change and impact on
voice latency

Voice-over-IP services continue to grow at impressive rates 
while carriers invest in IP delivery networks to expand their 
offerings. BT have announced their plans to migrate all 
customers to IP network by 2025, switching off the ISDN 
network, and other major players are doing likewise.

With VoIP, network managers have great control and are not 
as tied to carrier support teams for traffic management and 
re-terminations. Time-of-day call routing, skills-based routing, 
and other techniques are easily scripted. Current infrastructure 
trends offer great technical advances to businesses, however 
these also create challenges for voice channel management.

• Call redirects, simple to programme, can introduce 
significant changes in experienced latency.

• Cloud contact center software may also avail of processing 
power at alternate data centers during peak demand 
periods or maintenance periods. This alters the call pathing 
from customer to agent, and the latency that a call suffers.

• Both of the above, intelligent call routing and cloud 
solutions, enable the use of a flexible workforce with 
remote workers, but remote workers may exist at 
residential endpoints with network contention challenges. 

• Jitter Buffers: A method of collecting and storing audio 
to play it in evenly spaced intervals and also allows to 
compensate if the network experiences an issue. As call 
paths become more complex there are more jitter buffers 
in play and more audio being buffered leading to a higher 
latency time.

The International Telecoms Union (ITU) of the United Nations 
recommends (ITU-T G.114) no more than 150ms latency (one-
way) for voice calls. Beyond 150ms (300ms round trip), call 
quality declines to the point of unacceptable and completely 
non-productive.
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The Research
The data used for this report comes from Spearline’s testing platform with latency 
measurements taken in March 2019.

ITU research carried out in 2003 states that a one-way delay of 
400ms should not be exceeded for “general” network planning, 
however demanding interactive tasks such as speech can 
experience issues with one-way latency values of 150ms. Where 
latency reaches 500ms the ITU states that nearly all users are 
dissatisfied. 

The Spearline platform provides advanced cloud-based 
monitoring and testing capabilities, helping many businesses 
ensure their global inbound and outbound communications 
channels support an exceptionally positive customer 
experience.

With physical points of presence in 65 countries (Jun 2019) and 
growing, connecting to and through both fixed line carriers 
and mobile phone operators, the platform generates test calls 
utilising paths that the in-country customer does. Testing can 
focus on connection rates, audio quality, CLI presentation, DTMF 
capture, and a range of other aspects key to customer journey 
and contact center management.

Leveraging this platform’s global footprint, Spearline is uniquely 
positioned to consider the nature of latency observed on calls 
routing across a variety of infrastructures. The platform also 
allows evaluation of how attainable the ITU recommendations 
are in a real world scenario.

The research seeks to characterise the state of today’s global 
network latency and the dynamic interplay of multiple carrier 
networks in varying geographical situations. Specifically, we 
observed latency in:

(A) Local-call scenario - US West to US West 
(B) Long-distance scenario - US West to US East
(C) International scenarios 

And ask, does the global network of 2019 practically support the 
ITU’s guidelines for voice communications?
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Foundational local test on Spearline network

Latency is made up of both processing time and propagation 
time. The computing effort required to packetise and transmit 
voice is overhead required regardless of distance or number
of network hops involved in delivering to the destination
end-point.

In order to measure how much latency is introduced by the 
Spearline server infrastructure, both in echoing back audio and 
recording the audio to the file system, Spearline conducted a 
test between 2 servers on the same local network. This provides 
a confident measure of the “inherent latency” which would be 
common to most voice service infrastructures.

Our findings
 
The average round trip latency from this test was 44ms with a 
max of 49ms and minimum of 41ms. The majority of tests were 
close to the 44ms with standard deviation less than 1ms. 

Local test on carrier network

In order to measure how much latency is introduced by 
carrier related infrastructure, sample testing was conducted 
between carriers over a relatively local geographical distance. 
The selected servers we have geographically within the US are 
Los Angeles and San Francisco. Both have lines from different 
carriers CenturyLink and Verizon.

Our findings
 
While the ping times between servers was averaging less 
than 10ms, the latency values for audio were averaging 218ms. 
Factoring out the average processing time for Spearline servers 
of 44ms this would leave us with an average round trip latency 
of 174ms introduced by the carrier network from CenturyLink, 
Los Angeles to Verizon, San Francisco. Standard deviation on 
the tests was 28ms.

We then reversed the audio path:
Verizon (San Francisco) -> CenturyLink (Los Angeles) -> Verizon 
(San Francisco)

Audio path:

Audio path:
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Server B Server A Server A 

Verizon
(San Francisco)

CenturyLink
(Los Angeles)

CenturyLink
(Los Angeles)

Average latency experienced

44 ms +/- 1ms

Average latency experienced

174 ms +/- 28ms

The average round trip latency value for this test was 213ms. 
After factoring out the 44ms introduced by Spearline the 
average latency became 169ms while lower it did not show a 
significant difference.

NOTE: we do not know at what interconnect point the call 
was handed off from CenturyLink to Verizon.
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International calling - higher degrees of difficulty

Avg. latency for New York > New Zealand > New York

580ms

Avg. latency for Germany > New Zealand > Germany

640ms 

Avg. latency for Ireland > New Zealand > Germany 

740ms 

Routing matters

Routing does matter and we can see that in some long-haul 
international situations, submarine cable transit may offer a 
more direct path compared to US East to US West routes which 
involve many network hops.  

Long distance:

In order to investigate the latency introduced when a call 
traversed a much longer path across carrier networks, we 
conducted a separate test. We used the same carriers but 
instead of Verizon in San Francisco we used Verizon in
New Jersey.

Our findings
 
While ping times between servers averaged 71ms the round 
trip latency values for the audio averaged 680ms. The ping time 
between servers increased by on average 62ms the average 
latency value increased from 218ms to 680ms. Standard 
deviation also increased from 28ms to 89ms meaning results 
were more varied. 

Audio path:

Verizon
(San Francisco)

CenturyLink
(Los Angeles)

CenturyLink
(Los Angeles)

Round-trip latency experienced

680ms +/- 89ms

Routing dynamics

Telecommunications routing is dynamic. Routing occurs via a 
series of rules and automated path negotiation; every moment 
is unique. Due to complex demand patterns, traffic overflows 
and bi-lateral carrier arrangements are triggered during busy 
times.

Latency and enterprises

On reviewing latency across a sampling of businesses, each 
with unique network composition and sector dynamics,  we see 
a mixed picture for latency performance in the US. Fluctuations 
in latency values experienced are notable and common. For 
example, a customer has an average round trip latency for New 
York to Chicago of 469ms, but the standard deviation is 213ms 
meaning results are extremely varied.

With that said, there are customers who have latency values 
which would be very consistent with low standard deviation. 
For example, a customer testing a Texas number from
Los Angeles has an average latency value of 309ms with a 
standard deviation of 52ms.
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The environment

A large multinational with a contact center 
based in the Philippines handling calls from 
English speaking countries around the world. All 
calls were 1 to 1, a contact center agent speaking 
to a customer.

The problem

Latency issues were being experienced on 
inbound customer calls with complaints coming 
from both customers and contact center agents.

The study

The first step was to determine the actual 
latency times on calls into the contact center. 
Spearline conducted an echo back test where 
we dial the customer facing toll free number 
in each country. The contact center PBX in the 
Philippines was configured to echo back audio 
sent from the Spearline server back to the same 
server. Spearline calculated the round trip time 
from when the audio was sent to the time it was 
received back on the same server.

Customer Study
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The solution

Once the performance was benchmarked steps 
were taken to reduce latency while carefully 
monitoring the experience of agents and 
customers. These steps mainly consisted of 
working with carriers to route calls differently and 
change the demarcation points where carriers 
handed off calls into the customer network.

The findings

Once latency dropped to below 800ms 
customer and agent complaints were no longer 
received and their experience on calls increased 
significantly. Latency had been regularly 
exceeeding 800ms with proactive monitoring and 
collaborative routing optimization customer and 
agents complaints ceased.
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In today’s telecom environment the majority of customer calls 
are traveling a long distance, over multiple carriers, through 
many jitter buffers, converted from analog to digital and 
possibly being transcoded. This can all significantly add to 
latency and make the 2003 ITU recommendations unattainable 
which can be seen in the research above. Added latency 
frustrates communications, impacts brand image and can 
constrain business growth.

While the ITU recommendations are hard to achieve it may not 
necessarily lead to a significantly reduced customer experience. 
From our study, when holding a one to one conversation 
latency becomes an issue when mouth to ear delay exceeds 
800ms. It is likely, however, that this threshold would be lower 
for conference calls where talkover becomes more of an issue.

Why do our findings differ to the ITU?

The ITU recommendations were released from the study 
of different environments such as wired, wireless and IP 
networks whereas we are looking at the actual experience of 
real customer calls and the routes their calls are taking, this 
means there is a difference in the dataset we are using to draw 
conclusions. 

It is also possible, however, that the technology has trained us 

over time. Where latency can be a factor, has the use of mobile 
based apps and conference systems actually trained us to 
have a better tolerance for latency? Have we been trained to 
adapt when issues arise? Voice traffic places real-time demand 
on network infrastructures and can benefit from proactive 
management.

Managing customer experience in an ever-changing network 
environment requires a watchful eye, attention to detail, and 
supporting toolsets.

Spearline are experts in measuring and monitoring customer 
experience and have the tools which you can use to ensure your 
network is supporting high quality customer conversations that 
grow your business.   

In-country number tests and outbound dial tests ensure 
basic connection, check line quality, and more, helping you 
to proactively monitor the availability and quality of your 
global inbound toll and toll-free numbers, as well as outbound 
services. With real-time alerts on customer-impacting issues, 
you maximise uptime and hold carriers to SLAs.

Proactive management of your communication channels helps 
you build customer loyalty through delivery of high quality 
service processes, and maximises your ROI in technologies such 
as voice analytics.

Conclusion
Latency can and does lead to frustration in voice communications, though human 
tolerance clearly exceeds the 2003 ITU recommendations
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Spearline is a leading network intelligence 
company in the telecommunications industry. 

Our platform enables enterprises and telecommunications service providers 

to test connectivity and quality on global telecoms networks, testing 

automatically and at volume. 

Working with some of the leading enterprises, carriers and conferencing 

providers in the world, we have conducted millions of tests through our 

proprietary network of in-country servers connected to standard phone lines. 

The alerting and intelligence we provide allows you to greatly reduce downtime 

and replicate and improve your customers’ experience.

Interested in maximising your organisations potential?
Get in touch today

Contact us
—
 
+353 (0)28 51460
info@spearline.com 
www.spearline.com

Follow us
—
 
facebook.com/spearlinegroup
twitter.com/spearline_
linkedin.com/company/spearline


