Bandwidth Requirement For Internet Telephony

In deploying an Internet Telephony and Video Conferencing over the Internet, one has to carefully examine the bandwidth requirement to assure a successful conference. In general, there are two (2) major requirements, namely,

· Video bandwidth requirement

· Audio / Voice bandwidth requirement.

If Internet telephony / voice communication is of interest, we are looking at low bandwidth requirement as low as 5.3 Kbps. At the most, the required bandwidth would be around 64 Kbps for no compression (Telco’s like compression). However, if video conferencing is of interest, we are looking at a much higher bandwidth requirement. It is not surprising to see various compression techniques used to reduce the bandwidth requirement.

To give some idea, a video channel without compression will require 9 Mbps. It is quite wide. Current compression techniques capable squeeze video and audio channel into 30 Kbps and 6 Kbps channel, respectively. A two way videoconference may be easily performed on a full duplex 64 Kbps Internet link.

.

As more people, telecenters, cybercafes, and neighborhood network are using WiFi equipments at 11-22 Mbps on 2.4GHz, some even experimenting with 54 Mbps on 5.8 GHz. The last mile bandwidth is actually very wide. All we need is to unite all telecenters, offices, cybercafes and neighborhood network to interconnect their last mile infrastructure and having own broadband infrastructure.

Bandwidth For Audio Transmission

Audio will consume a much narrower bandwidth as compared to any video transmission. In this chapter, the typical compressed audio bandwidth will be described. Transmitting compressed audio via TCP/IP (Internet) infrastructure has been a mode of operation in getting low cost long distance & international calls.
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Effects of coding algorithms

‘The designer of any nework convergence solution that includes voice will need to decide upon which coding algorithm to use. CODECS perform
the conversion from an analogue voice waveform to a digital stream of information. They sample the analogue signal at regular intervals (125
microseconds is a typical value), and convert the measured analogue value into a numeric representation (known as quantising). The resultant
output comprises discreet blocks of information sent at regular intervals.

The method suggested in the previous section offers a simplistic view of the bandwidth calculation process. Itis valid for most coding algorithms,
however, it assumes that voice samples can be transmited within a 20ms datagram. For coding algorithms which use much smaller sampling
periods, muttiple samples can be sent within each packet, and the samples can be buffered for up to 20ms. However, some algorithms do not
produce samples which can be fitted exactly into 20ms datagrams, and for those algorithms, the 16kbps nule of thumb becomes invalid.

The following tables shows the relevant characteristics of the most common coding algorithms.

Coding algorithm Bandwidth Sample IP bandwidth
G.711 PCM 64kbps. 0.125ms 80kbps
5.6kbps 16.27kbps
G.723.1 ACELP 30ms
6.4kbps 17.07kbps
G.726 ADPCM 32kbps. 0.125ms 48kbps
G.728 LD-CELP 16kbps. 0.625ms 32Kkbps.
G.729(A) CS-ACELP 8kbps. 10ms 24kbps.

The algorithms listed which do not fit nto the 16kbps ruke of thumb are the two G.723.1 systems (highlighted on the table). ~As their sample
duration is 30ms rather than 20ms, only 33 frames are sent each second. This reduces the header overhead to 10.66kbps.

Detailed consideration of each coding method is beyond the scope of this document, but it should be understood that the various coding methods
varv in the levels of complexiv. delav characteristics and aualiv. The CONFCS which are exnected o hecome nrevalent within the Vaice over P |~
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Some of the frequently used audio coding-decoding (CODEC) standards are shown in the table provided by http://www.voipcalculator.com. G.711 is the PCM uncompressed audio coding algorithm; it requires 64 kbps bandwidth or about 80 kbps bandwidth including IP headers. G.723.1 may be the most frequently used audio CODEC as it requires the least bandwidth about 5-6 Kbps.

Mean Opinion Score (MOS) is the approach to measure the reception quality of the audio. A better quality (higher MOS) will likely to be obtained at lower compression rate, such as, G.711. Low compression or uncompressed audio leads to wider bandwidth and, thus, lower computational requirement (lower Mega Instruction Per Second / MIPS).

However, for bandwidth conservation, a higher audio compression, such as, G.723.1 would of Interest. G.723.1 may provide the one of the highest bandwidth compression. With current Digital Signal Processing (DSP) technology, the computation time can be reduced and, thus, not significantly degrade the Mean Opinion Score (MOS) of the audio quality. It is not surprising to see most of Internet telephony communications currently performed using G.723.1 compression.

Bandwidth For Video Transmission

Some of the good references for bandwidth requirement for video transmission over Internet are, 

http://www.crs4.it/~luigi/MPEG/mpeggloss-h.html
http://www.4i2i.com/h263_video_codec.htm
http://www-mobile.ecs.soton.ac.uk/peter/h263/h263.html
Those who like to read the original H.* standards, it should be available from the International Telecommunication Union (ITU) http://www.itu.int. It may be costly to get the standard direcly from ITU. A better way in getting the standard would be to do google search using H.261, H.263, or H.323 as keywords.

There are at least two (2) major standard in sending video through narrow band channel, namely,

· H.261 – usually used for ISDN channel with speed n p x 64Kbps; where p may be 1, 2, 3, …, 30.

· H.263 – aim for a much lower bandwidth video transmission at 20-30 Kbps and up.

H.263 may be one of the frequently used video compression for Internet based video conferencing. Some of the important notes to be bare in mind are,

· Black and white video will likely to consume much less bandwidth as compare to color video transmission.

· Low video frame per second (fps) will consume less bandwidth than higher frame per second (fps).

A good video is usually transmitted at around 30 frame-per-second (fps). Uncompressed video at 30 fps will consume about 9 Mbps of bandwidth.

Calculate Internet Telephony Bandwidth Requirement
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Free Voice over IP techrical resources
Home | Free calculators | Products | Tech. papers | Forum | About us

Welcome to VolP-Calculator.com. We offer free VoIP resources, including online bandwidth calculators, white papers, books, a
directory and a forum.
VolP

Calculator

IS Free online Voice over IP Calculators
Home page
[VoIP Calculators | The Voice over IP Calculators are free online tools for performing a variety of technical calculations relating to the design of voice over IP
IProducts systems. They are free, and can be used online now.

(Internet Telephony
IVolP Directory | Voice over IP analytical products
[Book reviews

[VolP Forum We offer VoIP software products to assist engineers and managers involved in the deployment of VoIP networks. These include VolP Select, our
[Technical papers ~ |Voice over IP traffc calculator, allowing you calculate the bandwidth requirements for Voice over IP, taking voice compression, header
[Contact us compression, RTCP control packets, packet interval, silence suppression and data link overhead into account.
rrrvemm—— Our latest additon is Westplan, a voice network design software tool supporting both traditional circuit switched links and Voice over IP.
Telephon:

We now offer high- | Internet Telephony

lquality, low cost

Intemet Telephony. | Ve offer high qualiy retai Intemet Telephony and Wholesale A-Z termination through our DUAL Talk calling senvice.  Calling rates are very

competive, and online account management s available for all customers.
Instant sign up and
lonline account

Imanagement. A-Z
Wholesale services
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We also offer DUAL Gatekeeper, an H.323 NAT proxy that addresses the difficulies associated with using H.323 devices in a LAN with private IP
addressing and NAT (Network Address Translation). It enabled H.323 devices within a LAN to reach IP addresses on the Intemet and place
public telephone calls using ITSP gateway or gatekeeper services. =





Ability to calculate the required bandwidth or Internet telephony lines needed for certain maximum traffic load. Fortunately, some sites, such as, http://www.voipcalculator.com & http://www.erlang.com/calculator/, provides a free access to their calculation subroutine through their web. There are several aspects of Internet telephony infrastructure can be calculated, such as,

· Lines and Bandwidth calculator.

· Erlangs and Bandwidth calculator.

· Minutes and Lines calculator.

· Erlangs and Lines calculator.
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Free Voice over IP techrical resources

Home | Free calculators | Products | Tech. papers | Forum | About us

A comprehensive listing
of telecoms Web sites.

Free VoIP Click here to search or browse

calculators

Lines and VolP Bandwidth Calculator

$ Lines and IP Bandwidth Calculator

Lines and
IBandwidth Coding algorithm

G.723.1 (ACELP) 5.3kbps compression ¥
Erlangs and Packet duration

Voice paths 1P Banduwidth (kbps)
© Unknown ©) Unknown

Calculator menu

INDEX

available for immediate download
Click here for more information
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The Lines and IP Bandwidth Calculator can be used to estimate the bandwidth required through an IP based network for a fixed number of voice paths. There are several coding algorithm can be used to for coder-decoder (CODEC) of the audio, the favorite CODEC are G.723.1 and G.729. The frequency at which the voice packets are transmitted have a significant bearing on the bandwidth required.  The selection of the packet duration (and therefore the packet frequency) is a compromise between bandwidth and quality.  Lower durations require more bandwidth.  However, if the duration is increased, the delay of the system increases, and it becomes more susceptible to packet loss; 20ms is a typical figure.

	Voice Path
	IP Bandwidth (ACELPS)
	IP Bandwidth (MP-MLQ)

	1
	16 kbps
	18 kbps

	2
	32 kbps
	35 kbps

	3
	48 kbps
	52 kbps

	4
	64 kbps
	69 kbps


 In the example calculated IP bandwidth, the several voice paths with packet duration 30 millisecond (1 sample) with G.723.1 (ACELPS) 5.3 kbps or MP-MLQ 6.4 kbps will be shown. We basically are looking at a maximum of four (4) voice path in a 64 kbps bandwidth. The above calculation is not taking account any reduction due to Real Time Protocol (RTP) header compression and multiplexing.

[image: image4.png]‘Calcutator - Konaueror

Location Edit View Go Bookmarks Tools Setiings Window Help

Internet
Telephony
[We now offer high

lquality, low cost
Intemet Telephony.

Instant sign up and
lonline account
Imanagement. A-Z
Wholesale services
lalso available.

Click here for info

Site highlights

@0t o6 4 2 ERAQ @
| B Location: | @8 http/www.voipcalculator.com/calculator/mivp/ e
| . MandrakeSoft , + MandrakeStore - MandrakeExpen ¢%|Safari 5} MandrakeSoft [53 News_ [53 Sofware [53 Programming (53 Window Manager,
IS Minutes and Lines Calculator =
INDEX
i a Minutes and Lines Calculator
ines an

Bandwidth Blocking target Busy hour factor (%)

0.010 17|
Ermngeand Minutes per day Voice paths
Bandezidth © Unknown ©) Unknown

10000
Minutes and Cale.. Resulis Help.
Lines -

Awindows version of this calculator is
available for immediate download

Erlangs and Click here for more information
Lines

Brief instructions

Here is a brief introduction to the calculator. For more detailed information, press the Hep button which opens a new browser window on your
desktop.

« You can use this calculator to work out how many voice paths you need to provide through a network if you know the number of minutes of
calls which the two voice switches interconnected by that network will generate. Designers of network convergence solutions need to ensure
that sufficient bandwidth is available through a network to ransport enough voice paths to carry the voice traffic during its busiest hour.

o As an example, if you wanted to know how many voice paths would need to be provided for a trunk group which was offered 10000
mintes of calls a day:

o Click on the Unknown radio button in the Voice paths section to indicate that t is the number of voice paths that you wish to calculate.
o Enter 10000 in the Minutes per day edit box.

o Press the Cak. bution.

o The answer is displayed in the Voice paths edit box (40).

« Reverse calculations are also possible allowing you to calculate the minutes of calls which can be carried by a trunk group of a particular
size. To carry out such a calculation, click on the Unknown radio bution in the Minutes per day section, enter the number of lines in the Lines

[Home page

required edit box and press the Cak. button. The answer will be shown in the Minutes per day edit box.
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Minutes and Lines Calculator - The Minutes and Lines Calculator can be used to estimate the number of voice paths that should be provided through a wide area network if we know the number of minutes of calls which the two voice switches interconnected by that network will generate each day.  Network designers need to ensure that sufficient bandwidth is available through a network to transport enough voice paths to carry the voice traffic during its busiest hour.

	Minutes
	Lines

	10000
	40

	5000
	23

	1000
	8

	882
	7

	670
	6

	476
	5

	300
	4

	158
	3

	52
	2

	3
	1


 The busy hour factor is the percentage of daily minutes that are offered during the busiest hour of the day. 17% (the default) is a reasonable figure for a business that operates an 8-hour working day, but a higher figure could be entered if the business in question operates a shorter working day, or if frequent calls are being made to a different time zone.  Blocking target is the ratio of calls that will be blocked because no lines are available. 0.010 (the default) means that 1% of calls would be lost. This is a normal figure for traffic engineering, but other figures can be entered into this edit box. Some example of the calculated result is shown in the figure. We basically have about 300 minutes busy traffic for four (4) VoIP lines.
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Westplan - VoIP design software

Westplan is a revolutionary software package which simplifies the complicated design process involved in creating effective voice networks that are
based on either traditional circuit switching or Voice over TP, All calculations are based on an inter-nodal traffic modlel which you can specify yourseff,

or allow Westplan to estimate.
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By allowing you to try diferent network topolagies, Westplan quickly helps you to make informed judgerments on the suitability of particular voice
networking strategies to your company. You will be in a stronger position to understand your voice network costs and therefore to control your network
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In addition to the above free calculators, http://www.voipcalculator.com is offering a commercial software package that simplifies the complicated design process involved in creating effective voice networks that are based on either traditional circuit switching or Voice over IP, called Westplan. All calculations are based on an inter-nodal traffic model that we can specify ourself, or allow Westplan to estimate. Westplan supports the following features:

· Point and click network diagrams 

· Voice over IP bandwidth calculations 

· Layer 2 support for PPP, Frame Relay, Ethernet, ATM and HDLC. 

· Analogue, T1 and E1 transmission facilities 

· User-definable routing rules 

· RTP compression for VoIP 

· Full justification reports for each analysis 

· Clear printed reports 

· Context sensitive help

