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Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.711u 4 n/a 27 3.47 81 3.264 1.301

G.711u 4 n/a 26 4.19 78 2.899 0.159

G.711u 4 6 24 4.33 59 3.008 0.006

G.711u 4 5 20 4.37 11 1.748 0.001

G.711u 4 4 16 4.36 6 1.047 0.000

G.711u 4 2 8 4.37 5 0.336 0.003

G.711u 4 1 4 4.37 5 0.318 0.000

G.711u 3 9 27 3.92 78 2.737 0.472

G.711u 3 n/a 26 4.22 80 2.488 0.120

G.711u 3 8 24 4.34 48 2.370 0.005

G.711u 3 6 18 4.37 7 1.644 0.003

G.711u 3 5 15 4.36 6 1.278 0.002

G.711u 3 2 6 4.37 5 0.172 0.000

G.711u 3 1 3 4.37 4 0.280 0.000

G.711u 2 16 32 2.65 85 6.352 11.874

G.711u 2 14 28 3.09 79 3.061 2.201

G.711u 2 n/a 27 4.00 77 2.544 0.376

G.711u 2 13 26 4.08 70 2.125 0.290

G.711u 2 12 24 4.35 52 2.244 0.000

G.711u 2 10 20 4.37 8 1.248 0.000

G.711u 2 n/a 19 4.37 7 1.385 0.000

G.711u 2 9 18 4.37 7 0.922 0.003

G.711u 2 8 16 4.37 6 0.844 0.000

G.711u 2 2 4 4.37 4 0.036 0.000

G.711u 2 1 2 4.37 4 0.041 0.000
Table 12: G.711u with 50% downlink configuration
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G.726 with 75% Downlink
The following table displays the results for the G.726 codec with 75% downlink configuration.

Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.726 9 2 18 3.73 15 3.92 0.156

G.726 9 n/a 16 3.93 12 2.87 0.057

G.726 9 n/a 15 4.02 12 2.40 0.019

G.726 9 n/a 14 4.08 10 1.24 0.013

G.726 9 1 9 4.17 5 0.33 0.000

G.726 8 2 16 3.93 13 3.13 0.020

G.726 8 n/a 15 4.06 10 1.92 0.015

G.726 8 1 8 4.17 8 0.29 0.000

G.726 7 n/a 18 3.83 18 3.87 0.179

G.726 7 n/a 17 3.97 12 2.93 0.046

G.726 7 n/a 16 4.04 10 2.58 0.047

G.726 7 n/a 15 4.12 9 1.50 0.001

G.726 7 2 14 4.15 10 1.49 0.000

G.726 7 1 7 4.17 8 0.28 0.000

G.726 6 n/a 19 3.80 24 3.77 0.358

G.726 6 3 18 3.94 15 3.65 0.187

G.726 6 n/a 17 4.00 11 2.93 0.092

G.726 6 n/a 16 4.06 9 2.58 0.035

G.726 6 n/a 15 4.12 10 2.08 0.027

G.726 6 2 12 4.15 9 0.81 0.000

G.726 6 1 6 4.17 4 0.33 0.000

G.726 5 4 20 3.71 115 3.45 0.205

G.726 5 n/a 19 3.97 20 3.13 0.198

G.726 5 n/a 18 4.04 16 2.85 0.061

G.726 5 n/a 17 4.11 12 2.47 0.028

G.726 5 n/a 16 4.10 11 2.65 0.037

G.726 5 3 15 4.12 15 2.08 0.007

G.726 5 2 10 4.16 4 0.71 0.014

G.726 5 1 5 4.17 3 0.31 0.000
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Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.726 4 6 24 3.27 69 3.44 2.959

G.726 4 n/a 22 3.68 30 2.96 1.153

G.726 4 n/a 21 3.78 22 3.00 1.061

G.726 4 5 20 4.09 21 2.67 0.059

G.726 4 4 16 4.14 9 2.09 0.025

G.726 4 2 8 4.17 4 0.32 0.003

G.726 4 1 4 4.17 4 0.44 0.000

G.726 3 7 21 3.95 26 2.58 0.322

G.726 3 n/a 20 4.08 12 2.31 0.131

G.726 3 6 18 4.16 17 2.12 0.000

G.726 3 2 6 4.15 3 0.22 0.050

G.726 3 1 3 4.17 3 0.05 0.000

G.726 2 11 22 3.92 23 2.31 0.408

G.726 2 n/a 21 4.04 19 2.10 0.214

G.726 2 10 20 4.18 10 1.79 0.009

G.726 2 2 4 4.17 4 0.25 0.002

G.726 2 1 2 4.17 4 0.05 0.000
Table 13: G.726 with 75% Downlink Configuration
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G.726 with 50% Downlink
The following table displays the results for the G.726 codec with 75% downlink configuration.

Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.726 9 3 27 3.21 79 2.85 1.558

G.726 9 n/a 26 4.00 78 2.49 0.135

G.726 9 n/a 25 4.09 72 2.25 0.021

G.726 9 2 18 4.16 9 1.33 0.001

G.726 9 1 9 4.17 5 0.14 0.000

G.726 8 n/a 27 3.31 78 2.59 1.237

G.726 8 n/a 26 4.09 78 2.38 0.033

G.726 8 n/a 25 4.11 71 2.49 0.012

G.726 8 3 24 4.11 56 2.09 0.016

G.726 8 2 16 4.16 9 1.25 0.000

G.726 8 1 8 4.17 4 0.17 0.000

G.726 7 n/a 27 3.52 77 2.72 0.835

G.726 7 n/a 26 4.01 76 2.32 0.135

G.726 7 n/a 25 4.11 74 2.47 0.006

G.726 7 3 21 4.15 16 1.54 0.001

G.726 7 2 14 4.16 8 0.67 0.000

G.726 7 1 7 4.17 5 0.19 0.000

G.726 6 n/a 27 3.42 78 2.64 1.013

G.726 6 n/a 26 4.09 78 2.42 0.030

G.726 6 n/a 25 4.10 78 2.06 0.020

G.726 6 4 24 4.14 45 2.12 0.008

G.726 6 3 18 4.17 8 1.74 0.001

G.726 6 2 12 4.17 6 0.57 0.001

G.726 6 1 6 4.17 5 0.15 0.000

G.726 5 n/a 27 3.40 78 2.84 1.076

G.726 5 n/a 26 4.11 75 2.12 0.018

G.726 5 5 25 4.12 73 2.04 0.000

G.726 5 4 20 4.17 10 1.50 0.003

G.726 5 3 15 4.17 6 0.77 0.000
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Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.726 5 2 10 4.17 5 0.27 0.001

G.726 5 1 5 4.17 4 0.23 0.000

G.726 4 n/a 27 3.83 76 2.72 0.373

G.726 4 n/a 26 4.12 76 2.26 0.000

G.726 4 6 24 4.13 50 2.18 0.005

G.726 4 5 20 4.16 9 1.64 0.011

G.726 4 4 16 4.16 7 1.19 0.000

G.726 4 2 8 4.17 5 0.23 0.000

G.726 4 1 4 4.17 4 0.15 0.000

G.726 3 9 27 3.83 76 2.40 0.360

G.726 3 n/a 26 4.09 76 1.99 0.035

G.726 3 7 21 4.16 13 1.91 0.005

G.726 3 6 18 4.17 7 1.64 0.000

G.726 3 2 6 4.17 5 0.25 0.002

G.726 3 1 3 4.17 4 0.15 0.000

G.726 2 14 28 3.52 75 2.35 0.852

G.726 2 n/a 27 3.79 75 2.31 0.423

G.726 2 13 26 4.01 76 2.15 0.133

G.726 2 10 20 4.17 7 1.47 0.000

G.726 2 2 4 4.17 4 0.07 0.000

G.726 2 1 2 4.17 3 0.15 0.000
Table 14:G.26 with 50% Downlink Configuration
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G.729 with 75% Downlink
The following table displays the results for the G.729 codec with 75% downlink configuration.

Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.729 9 3 27 3.51 92 6.09 1.141

G.729 9 2 18 3.98 10 2.56 0.020

G.729 9 n/a 17 3.99 13 2.38 0.009

G.729 9 n/a 16 4.00 12 2.28 0.017

G.729 9 n/a 15 4.01 12 2.01 0.000

G.729 9 1 9 4.03 5 0.87 0.000

G.729 8 3 24 3.86 56 4.69 0.167

G.729 8 n/a 21 3.94 19 3.41 0.076

G.729 8 n/a 20 3.96 15 3.16 0.039

G.729 8 n/a 19 3.99 13 2.59 0.003

G.729 8 n/a 18 3.99 13 2.59 0.010

G.729 8 n/a 17 4.00 11 2.34 0.024

G.729 8 2 16 4.00 9 2.47 0.007

G.729 7 3 21 3.95 21 3.74 0.171

G.729 7 n/a 19 3.98 12 2.65 0.046

G.729 7 n/a 18 4.01 11 2.06 0.008

G.729 7 n/a 17 4.00 10 2.28 0.028

G.729 7 2 14 4.02 6 1.15 0.002

G.729 6 4 24 3.92 58 3.77 0.128

G.729 6 n/a 23 3.92 47 3.99 0.150

G.729 6 n/a 22 3.97 21 3.07 0.129

G.729 6 n/a 22 3.97 21 3.07 0.129

G.729 6 n/a 21 3.98 17 3.24 0.054

G.729 6 n/a 19 4.00 11 2.19 0.014

G.729 6 3 18 3.99 11 2.41 0.057

G.729 6 n/a 17 3.98 11 2.39 0.096

G.729 6 2 12 4.02 8 1.17 0.000

G.729 6 1 6 4.02 8 0.72 0.000

G.729 5 n/a 27 3.84 79 3.22 0.744
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Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.729 5 n/a 26 3.97 63 2.76 0.020

G.729 5 5 25 3.99 53 2.18 0.000

G.729 5 n/a 23 3.98 53 2.62 0.022

G.729 5 4 20 4.01 14 2.15 0.017

G.729 5 3 15 4.00 9 1.79 0.053

G.729 5 2 10 4.02 8 0.63 0.001

G.729 5 1 5 4.03 8 0.70 0.000

G.729 4 n/a 27 3.87 77 3.49 0.357

G.729 4 n/a 26 3.93 76 3.05 0.100

G.729 4 n/a 25 3.97 58 3.39 0.053

G.729 4 6 24 3.97 54 2.94 0.060

G.729 4 n/a 23 3.98 49 3.06 0.013

G.729 4 n/a 22 3.97 96 2.64 0.159

G.729 4 n/a 21 4.02 10 1.97 0.000

G.729 4 5 20 4.01 11 2.02 0.031

G.729 4 4 16 4.01 8 1.27 0.011

G.729 4 2 8 4.02 9 0.47 0.002

G.729 4 1 4 4.02 8 0.52 0.000

G.729 3 8 24 3.95 58 2.66 0.089

G.729 3 n/a 23 4.00 32 2.40 0.019

G.729 3 n/a 22 4.02 14 1.70 0.000

G.729 3 7 21 4.02 11 2.25 0.000

G.729 3 2 6 4.02 9 0.56 0.000

G.729 3 1 3 4.02 9 0.54 0.000

G.729 2 12 24 3.98 54 2.16 0.000

G.729 2 n/a 23 4.02 17 1.87 0.005

G.729 2 11 22 4.02 14 2.22 0.000

G.729 2 2 4 4.02 9 0.55 0.000

G.729 2 1 2 4.02 8 0.68 0.000
Table 15: G.729 with 75% Downlink Configuration
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G.729 with 50% Downlink
The following table displays the results for the G.729 codec with 50% downlink configuration.

Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.729 9 n/a 28 3.72 76 3.11 1.388

G.729 9 3 27 3.86 76 2.73 0.517

G.729 9 n/a 26 3.96 75 2.86 0.003

G.729 9 n/a 25 3.98 59 2.65 0.003

G.729 9 2 18 4.02 9 2.02 0.000

G.729 9 1 9 4.03 4 1.23 0.001

G.729 8 n/a 28 3.77 75 3.21 1.067

G.729 8 n/a 27 3.95 74 2.90 0.080

G.729 8 n/a 26 3.97 70 2.44 0.004

G.729 8 n/a 25 4.00 46 2.24 0.000

G.729 8 3 24 3.98 52 2.64 0.006

G.729 8 2 16 4.02 8 1.85 0.003

G.729 8 1 8 4.03 4 0.79 0.000

G.729 7 4 28 3.70 82 2.65 1.363

G.729 7 n/a 27 3.90 81 2.75 0.260

G.729 7 n/a 26 3.94 78 2.05 0.036

G.729 7 n/a 25 3.98 58 2.33 0.000

G.729 7 3 21 4.01 18 1.52 0.001

G.729 7 2 14 4.02 13 1.49 0.000

G.729 7 1 7 4.02 10 0.84 0.000

G.729 6 n/a 28 3.76 77 2.47 1.174

G.729 6 n/a 27 3.95 76 2.32 0.078

G.729 6 n/a 26 3.97 74 2.34 0.006

G.729 6 4 24 3.97 48 2.34 0.035

G.729 6 3 18 4.02 9 1.52 0.000

G.729 6 2 12 4.02 7 1.14 0.000

G.729 6 1 6 4.03 6 0.89 0.000

G.729 5 n/a 28 3.80 75 2.48 0.977

G.729 5 n/a 27 3.96 74 1.74 0.042
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Codec
Number
of SMs

Number of
calls from
each SM

Total #
of Calls MOS Avg.

One-Way
Delay Avg.

(ms)
Jitter
(ms)

Percent
bytes lost

G.729 5 n/a 26 3.98 66 1.77 0.000

G.729 5 5 25 3.97 58 2.16 0.029

G.729 5 4 20 4.02 10 1.23 0.000

G.729 5 3 15 4.02 7 0.77 0.000

G.729 5 2 10 4.03 6 0.73 0.001

G.729 5 1 5 4.03 5 0.98 0.000

G.729 4 n/a 28 3.74 77 2.56 1.312

G.729 4 n/a 27 3.91 77 2.41 0.319

G.729 4 n/a 26 3.96 75 2.03 0.006

G.729 4 6 24 3.97 54 2.94 0.060

G.729 4 5 20 4.02 10 1.46 0.000

G.729 4 4 16 4.02 7 0.89 0.000

G.729 4 2 8 4.03 6 0.64 0.000

G.729 4 1 4 4.03 5 0.74 0.000

G.729 3 n/a 28 3.88 74 2.30 0.484

G.729 3 9 27 3.97 74 2.24 0.000

G.729 3 n/a 26 3.97 76 1.68 0.000

G.729 3 n/a 25 3.99 47 2.30 0.000

G.729 3 8 24 4.00 41 1.70 0.025

G.729 3 7 21 4.02 11 1.30 0.000

G.729 3 2 6 4.03 5 0.77 0.000

G.729 3 1 3 4.03 5 0.83 0.000

G.729 2 n/a 27 3.91 74 2.33 0.326

G.729 2 13 26 3.97 71 2.12 0.026

G.729 2 n/a 25 3.99 45 2.16 0.000

G.729 2 12 24 4.00 41 2.12 0.000

G.729 2 2 4 4.03 5 0.42 0.000

G.729 2 1 2 4.03 5 0.64 0.000
Table 16: G.729 with 50% Downlink configuration
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 Voice over IP Basics
Voice over IP (VoIP) permits the movement of voice traffic over Internet Protocol (IP)-based
network. IP is a standard for data transmission based on packet-switching technology. Voice is
broken into a series of packets at the transmitting end. The components are then reassembled
and decoded at the receiving device.

Voice communications is both real time and mission-critical. Any delay can make a call prohibitive
and lead to an undesired poor quality of service. Packet loss can be caused by router congestion
that may lead to a loss of portions of words or sentences. Traffic can multiply as the number of
routers is increased in the network leading to longer delays. Network jitter, where packets don't
arrive in sequence, can lead to unavoidable delays and poor quality of service.

 Coder/Decoder (Codec)
A voice coder is the device that converts an analog voice signal into a digital signal. The digital
signal is also compressed to reduce bandwidth requirements. Using a hybrid coding technique
with complex algorithms, the voice waveform is sampled and the speech parameters are
extracted. Thus, in any predefined time period, the waveform is assembled by a synthesis
technique to closely assemble the original waveform. The best way to reduce latency is to change
the voice coding method; however, the trade-off is voice quality vs. bandwidth required. While
there is a delay in the voice compression methods used, there is little further delay with
decompression regardless of the algorithm used.

Compression Algorithms

Algorithm Description and Rates

G.711u

Pulse code modulation (PCM) specifies the initial analog-to-digital conversion
of speech.  Speech is transmitted at 64 kbps – which is considered to be toll
quality.  ITU standard for H.323-compliant codecs and most frequently used in
the USA.

G.711a Same as above, however it utilizes the A-law for companding, which is the
most frequently used standard in Europe.

G.726
A waveform coder that uses Adaptive Differential Pulse Code Modulation
(ADPCM) at 32 kbps. ADPCM is a variation of PCM, which only sends the
difference between two adjacent samples, producing a lower bit rate.

G.729 High-performing codec; offers compression with high quality.  Algorithm runs at
8.4 kbps with 10-ms delay and a compression ratio of 8-to-1.

G.723.1-MPMLQ
ITU algorithm that offers voice transmission with quality at a rate of 6.3 kbps
with 30-ms delay.  Uses the multi-pulse maximum likelihood quantization
(MPMLQ) impression algorithm.

G.723.1-
ACELP

ITU algorithm that offers voice transmission with quality at a rate of 5.3
Kbps with 30-ms delay.  Uses the conjugate structure algebraic code excited
linear predictive compression (ACELP) algorithm.

Source: Gartner and IXIA
Table 17: Compression Algorithms



Motorola
Voice over IP over Canopy Advantage

37

 Standards for Measuring Call Quality
Call quality measurement has traditionally been subjective: picking up a telephone and listening
to the quality of the voice. The leading subjective measurement of voice quality is the MOS (mean
opinion score) as described in the ITU (International Telecommunications Union)
recommendation.

In voice communications, particularly Internet telephony, the mean opinion score (MOS) provides
a numerical measure of the quality of human speech at the destination end of the circuit. The
scheme uses subjective tests (opinionated scores) that are mathematically averaged to obtain a
quantitative indicator of the system performance.

Compressor/decompressor (codec) systems and digital signal processing (DSP) are commonly
used in voice communications because they conserve bandwidth. But they also degrade voice
fidelity. The best codecs provide the most bandwidth conservation while producing the least
degradation of the signal. Bandwidth can be measured using laboratory instruments, but voice
quality requires human interpretation.

To determine MOS, a number of listeners rate the quality of test sentences read aloud over the
communications circuit by male and female speakers. A listener gives each sentence a rating as
follows: (1) bad; (2) poor; (3) fair; (4) good; (5) excellent. The MOS is the arithmetic mean of all
the individual scores, and can range from 1 (worst) to 5 (best).

Mean Opinion Score
(lower limit) User Satisfaction

4.34 Very satisfied
4.03 Satisfied
3.60 Some users dissatisfied
3.10 Many users dissatisfied
2.58 Nearly all users dissatisfied

Table 18: MOS Values

The E-model is a complex formula; the output of an E-model calculation is a single score, called
an “R factor,” derived from delays and equipment impairment factors.  Once an R factor is
obtained, it can be mapped to an estimated MOS. R factor values range from 100 (excellent)
down to 0 (poor).  An estimated MOS can be directly calculated from the E model’s R factor.

 Ixia Chariot Testing Software
To determine values such as MOS and R-factor, it is not feasible to have human listeners to
make these subjective judgments at all times.  For the purposes of these tests and this paper,
IXIA’s Chariot software product was used to determine these values and compile the data
necessary.  Chariot has the capability to provide a tremendous amount of data in a testing
environment.  The following is an example of the types of information that can be gathered.  For
the purposes of this whitepaper, the focus was to use the advanced call quality measurements to
determine how VoIP traffic performs on the Canopy network.

Advanced call quality measurements
Predicts call quality by calculating a MOS based on the industry standard E-model specified in
the ITU recommendation G.107.  Improving on the base standard, the VoIP Test Module takes
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into account additional network factors, such as jitter and consecutive lost datagrams, which can
severely impact overall call quality

Tests VoIP-enabled network equipment
Examines the effectiveness and performance of VoIP-enabled network equipment. The VoIP Test
Module enables the user to verify that prioritization techniques work as planned with a mixture of
traffic and measure the performance impact of other network elements, such as VPNs, on delay-
sensitive VoIP traffic.  Enables the user to test the limits of the network by generating up to
10,000 VoIP sessions. By identifying the point where call quality begins to suffer, the VoIP Test
Module empowers the user to make informed decisions about the implementation and expansion
of VoIP in the network.

Emulates complex networks in test lab
Allows the user to emulate complex networks with a mixture of both VoIP and non-VoIP traffic by
using Chariot and its VoIP Test Module. By using Chariot in the lab environment, the user can
stress test network equipment, test network changes before deployment or replicate end-user
environments and reported problems.  Chariot evaluates the effectiveness of QoS.  The user can
ensure that voice traffic is receiving necessary resources at the proper time without starving other
business-critical applications.

Optimizes network design
Supplies on-demand testing for tuning network to minimize delay, jitter and lost data.

Settings Used in VoIP Testing
The initial delay option was not used to introduce a standard distribution into the voice testing.
Silence suppression was also not used. Additional settings can be seen in Table 19 and Table 20
below.

Codec
Data
Rate

Default
Datagram
Size (ms)

Frame
Size Jitter Delay

Look
Ahead
Delay

Theoretical
Max MOS

G.711U 64 kbps 20 1
2 datagrams

(40 ms) 0 ms 4.41

G.726 32 kbps 20 10
2 datagrams

(40 ms) .125 ms 4.22

G.729 8 kbps 20 10
2 datagrams

(40 ms) 5.0 ms 4.07
Table 19: Ixia Settings

Codec

Packets
per

Second

Packet
Size

(octets)

One-Way
Throughput

(Kbps)

G.711U 60.67 212 86

G.726 50.67 133 54

G.729 50.67 73 30
Table 20: Flow Statistics by Codec
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 Lab Specifications
Subscriber Module

Device Type: 5.7 Multipoint - Subscriber Modem
Software Version: CANOPY 7.2.9

(Jul 23 2005 01:49:03)
Software Boot Version: CANOPYBOOT 3.0
FPGA Version: 070605 (DES Sched) P9
Scheduling Type: Hardware
2x Rate: Enabled

Access Point
Device Type: 5.7 Multipoint - Access Point
Software Version: CANOPY 7.2.9

(July 23 2005 01:49:03) AP-DES
Software Boot Version: CANOPYBOOT 3.0
FPGA Version: 070605 (Single, 40 MHz ExtBus, Des, Sched)
Scheduling Type: Hardware
MP Double Rate: Enabled

IXIA Software
Chariot Console Version  6.10
Endpoint Software for WinXP Version: 6.10

Endpoint and Console Laptops
IBM T42 Laptop Windows XP SP 2

Intel Pentium M 1.70 GHz Processor
512 MB RAM
Intel PRO/1000 MT Mobile Connection
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 Glossary of Terms
Acronym Meaning
AP Access Point
Codec Compressor/Decompressor
Committed
Information Rate
(CIR)

CIR is the bandwidth rate at which your service provider guarantees
delivery. Data transmitted above this rate is a best effort delivery.

CPE Customer Premise Equipment
Delay The time, generally in ms, it takes to transmit a message from one

endpoint to another
Differentiated
Services (DiffServ)

Differentiated Services is scalable method of providing Quality of Service
through many networks. DiffServ uses code points to define service levels
or classes. DiffServ is defined in IETF RFC 2474 and 2475/.

DSP Digital Signal Processing
ITU International Telecommunications Union
Jitter Jitter is the variation on time between packets at a destination arriving

generally caused by network congestion or route changes.
kbps 1000 bits per second
Kbps 1024 bits per second
Loss Loss describes the amount of packets that are sent by an endpoint, that

do not arrive at the destination.
Mbps 1024 Kbps = 1,048,576 bits
MOS Mean Opinion Score - To determine MOS, a number of listeners rate the

quality of test sentences read aloud over the communications circuit by
male and female speakers. A listener gives each sentence a rating as
follows: (1) bad; (2) poor; (3) fair; (4) good; (5) excellent. The MOS is the
arithmetic mean of all the individual scores, and can range from 1 (worst)
to 5 (best)

PSTN Public Switched Telephone Network
QoS Quality of Service
R-Value/Factor The E-model is a complex formula; the output of an E-model calculation is

a single score, called an “R factor,” derived from delays and equipment
impairment factors.  R factor values range from 100 (excellent) down to 0
(poor).

SM Subscriber Module
TOS Type of Service
VoIP Voice Over IP
VPN Virtual Private Network
WISP Wireless Internet Service Provider
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Disclaimer:

This whitepaper merely provides a starting point for planning and sizing hardware requirements
for customers to deploy VoIP over Canopy Advantage platform.  Because these tests were run in
constrained environments, such as an isolated lab, they do not necessarily translate directly to
deployable scenarios. Therefore, it is important to understand that while this whitepaper is meant
to help customers prepare for a VoIP over Canopy Advantage network roll out and capacity-
planning effort, any data generated contained in this whitepaper is only meant for general sizing,
benchmarking, or deployment recommendations.  Results may not be representative and may
vary.  Accordingly, neither Motorola nor West Monroe Partners can guarantee actual results in a
real world deployment.  In addition to these benchmarking results and recommendations,
customers should also consider, but not limit, evaluation to point-to-point mileage, line of sight,
network capacity, and expected peak call volume time (Erlang tables) when planning a VoIP over
Canopy deployment.
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