
VoIP 101

If you’ve been researching phone systems for awhile, you’ve 
probably heard the term “VoIP”. What’s the definition? Do you 
need certain hardware for it to work?  There are a few questions 
that should be answered prior to choosing a VoIP system for your 
telephony needs. Hosted, or cloud-based VoIP, is becoming more 
and more common, so for the purposes of this document, we’ll be 
covering that form of a VoIP system. 

To get you through the red tape, below is a breakdown of what 
VoIP is, how it works, and what your business needs to get started 
on a VoIP phone system.



What is VoIP? 
VoIP, or Voice over Internet Protocol, is another way of making phone calls. It’s the method of taking 
analog audio signals, like the kind you hear when you talk on the phone, and turning them into digital 
data that can be transmitted over the Internet. VoIP means no more traditional phone lines, and no 
more POTS (Plain Old Telephone Systems). 

On-Premise vs. Cloud  
The decision to move from POTS to VoIP also includes the 
decision of moving to a premise-based system or a cloud-
based one. VoIP systems can either be premise-based (servers 
in a closet onsite) or cloud-based (phones connected to the 
Internet connection maintained by a provider whose servers 
are offsite in data centers). The differences will significantly 
change the setup of your VoIP system. As mentioned in the 
introduction, the rest of the document will be education on 
cloud-based systems as they tend to be the most popular 
and best option for businesses looking to switch to a VoIP 
solution.  

How does VoIP work?
When making a VoIP phone call, the sound of your voice is broken into thousands of packets. These 
packets travel various paths on the Internet to the VoIP provider and on to their final destination, 
where they are reassembled and the call is produced. 

What Factors Affect Call Quality?
If set up correctly, you shouldn’t notice any difference in call quality from what you are used to with 
your old system. With that said, when you’re transitioning from traditional phone lines to VoIP there 
can be several outside factors that can cause voice quality issues and disrupt your new service.

Bandwidth 
Imagine your Internet connection as a highway and VoIP needing a dedicated HOV lane. When 
regular drivers (people using the Internet in your office) spill over to the HOV lane, it clogs up HOV,  
thus making the lane tougher to get through. The extra traffic disrupts the VoIP traffic, and lowers 
the call quality. With many businesses using cloud-based services for CRM, sales, ERP, and accounting 
software, not to mention online music players, that means more drivers are on the road, aka 
employees consuming more bandwidth. 

When it comes time to determining your Internet speed or bandwidth, there are a lot of free online 
tools that can help you do this. We recomend http://flnt.st/speedtest  to test your Internet speed. You’ll 
need to leave the window open so the test has a test period long enough to look at both the upload 
and download speed. Make sure to write those numbers down or get a screenshot of the results, so 
you can provide it for the VoIP provider or your internal IT department. 
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Now that you know your current speed, how do you know if it’s enough? Due to the varying needs 
of each business, it’s difficult to name a certain speed that is required for VoIP. As a general rule of 
thumb, we suggest 1 mbps (megabit per second) for every 10 phones, but any VoIP provider can help 
you to ensure there is enough speed to support your data AND your phone system.

Reliability and Prioritization
Since its release, the quality and reliability of VoIP phone service 
has been in question. With over a decade since its commercial 
release, VoIP providers have worked through the kinks and can now 
confidently supply a more reliable and high quality system. VoIP 
providers can help enable Quality of Service (QoS) settings on your 
router to make sure VoIP traffic is prioritized over basic Internet 
traffic when the phones are in use. In the highway scenario, QoS 
settings allow regular drivers in the HOV lane when no one is in it. 
When the highway is packed (high amount of data and phones is in 
use), the HOV becomes available to only VoIP traffic and then opens 
back up to phones are not in use. High quality, commercial grade 
routers are the best solution for enabling QoS settings. If you have 
questions about your current router, or are wanting to purchase a 
new one, a great resource is your internal IT department or the VoIP 
provider you are looking into. 

The use of codecs, (short for coder-decoder) is the magic behind the scenes in VoIP technology. They 
are used to convert audio signals into compressed digital forms so they can be transmitted. They are 
then turned back into an uncompressed audio signal for replay so you can hear them. These codecs 
(there are many of them depending on the purpose), are the bread and butter of VoIP.  They can 
be extremely useful in supplementing a slower Internet connection by allowing you to send large 
amounts of data in smaller packages so it does not affect your call quality or Internet speed.  

What Equipment is Needed for VoIP?
The lack of expensive equipment necessary is yet another advantage of a hosted VoIP system. Instead 
of bulky hardware in an office closet with POTS or a premise based VoIP system, businesses only need 
desk phones and a quality Internet connection. Specific brands of desk phones are SIP-enabled, and 
are used specifically for VoIP purposes. 

How do you “Install” a VoIP System? 
A major advantage to Hosted VoIP systems is the easy initial setup and quick turnaround time for 
your business to be up and running with a phone system. Without the need for the bulky hardware of 
a POTS, the introduction of a VoIP system to an office can happen in hours instead of days or weeks. 
Desk phones are sent from the provider ready to make and receive calls, and just have to be plugged 
in to power and the Internet once at their destination. If businesses want to be even more mobile, 
softphone applications can be added instantly to cell phones and computers to make calls while 
employees are away from the office.



How do you make changes on a  
VoIP System?
With most VoIP providers, self management is also a 
big difference from a traditional phone system. Setting 
up and managing a phone system can happen through 
an online management portal on any web browser 
without extensive training or even expensive support. 
Administrators can add and delete employees, create 
Auto-Attendants, Voicemail greetings, and even look at 
reports on an office’s inbound and outbound calls.

For the end-user, VoIP is a relatively simple service 
and does not require much additional learning. As with 
any new technology, there is particular jargon that is 
associated. Below are terms and their definitions that 
you might run into during your search for a VoIP provider. 

VoIP Terms 
Delay- Caused when packets of data (voice) take more time than expected to reach their destination. 
Delays can cause disruptions in voice quality. Delays are not always constant, and that variation is 
called jitter. 

DHCP-Dynamic Host Control Protocol- A communications protocol that allows network administrators 
to supervise and distribute IP addresses from a central point to each computer or device on a network.

E911-Enhanced 911- Used for providing emergency service on cellular and internet voice calls.

Echo Cancellation- The process of eliminating echo from voice communication to improve the quality 
of the call. Speech compression techniques and packet processing delays generate both acoustic and 
hybrid echo. Echo cancellation improves voice quality of VoIP calls and also reduces the required 
bandwidth due to silence suppression techniques.   

Jitter- This factor measures the variation in the arrival time of those individual packets making their 
way along various routes over the Internet. Jitter can be caused by Internet congestion, timing drift, or 
Internet route changes. Jitter is measured in milliseconds (ms).  Jitter greater than 150ms can result in 
packet loss and degraded voice quality.

Latency- The total amount of time required for a packet to reach its destination.

Packet Loss- Packets are sent over the Internet and reassembled at their destination. Packet loss 
occurs when some packets are dropped by congested network routers or switches, or discarded by the 
jitter buffer.

PBX-Public Branch Exchange- A private telephone switching system that allows outside phone lines 
from a telecommunications provider to connect to Extensions within the office or building.  
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FluentStream Technologies is a Denver, Colorado based, fully hosted phone solution 
provider. We provides the industry’s best call quality and service reliability, with a 

Service Level Agreement that guarantees 99.99% uptime.  

Ready to make the transition? 
Call or email us today! 

 877-312-6477 | sales@fluentstream.com
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PSTN-Public Switched Telephone Network- Also known as POTS (Plain Old Telephone System). 
Worldwide telephone network carries analog data, in contrast to VoIP that carries digital data.

RTP-Real Time Transport Protocol- An internet protocol that delivers audio video over IP networks.

SIP-Session Initiation Protocol- Main Protocol for VoIP. Deals with communication sessions and 
provides the necessary signaling for creating, modifying, and terminating sessions with one or more 
communicating participants. SIP Functions include: name translation and user location, feature 
negotiation, call participant management, call feature changes, and media negotiation. SIP Messages 
include protocol information, session information, participant information, bandwidth, encryption, 
time and media description, media bandwidth information, and media encryption key.

TCP-Transmission Control Protocol- One of main protocols used for data transmission over the 
Internet & LANs. Also ensures that data transmission is reliable by confirming there is no packet loss, 
no duplicated packets, packets are in order & that there is an acceptable delay between the packets.


