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Figure 14. Circuit-Switched PSTN Network with Analog Tail Circuit

portion of the speaker’s transmitted voice back into the

speaker’s receive path.

The amount of reflection depends on the level of
impedance mismatch between the components to which
the hybrid device is connected. If there is a close match
between impedances, a high-quality hybrid in a PBX may
attenuate the reflected portion by about 20 to 30 dB.
However, in many cases the impedance mismatch is large
enough to reflect more echo from a speaker’s voice back
into the receive path. System designers typically assume
that a hybrid device for an analog phone only reduces echo
by 12 dB.

An all-digital network will not produce hybrid echo, but
any network that includes analog devices will experience
some level of hybrid echo. Efforts to eliminate echo have
to be focused on the tail circuit at the opposite end of the
network because the signals at that end experience the
longest delay.

Scenario 1: Circuit-Switched PSTN Network with Analog
Tail Circuit

Scenario 1 describes a PSTN call between two analog
phone users on opposite coasts of the United States, as
shown in Figure 14. The speaker (Joe) is using the phone

Assuming a close impedance match between PBX (West)
and the phone interface, any echo introduced at this point
will be imperceptible to the speaker because the distance
between Joe’s phone and the PBX is short enough to
prevent an echo from being heard.

A much greater distance separates PBX (West) and PBX
(East). Assuming that the PSTN network is fiber link and
that light travels in optical fiber at 0.7 times the speed

of light in a vacuum, the signal delay will be about eight
microseconds per mile. The one-way propagation delay for
a 2500-mile link then is about 20 msec, and the round trip
delay is 40 msec. Any echo of sufficient

loudness introduced at the PBX (East) end of the
connection would be delayed sufficiently to cause an
audible, problematic echo.

Scenario 2: Circuit-Switched PSTN T-1 Network with
Analog Tail Circuit

Scenario 2 uses a PSTN T-1 network as shown in Figure
15. Although both PBX (West) and PBX (East) still
interface to analog components locally, they now are
connected with digital components on the network.

These digital telephony network components cannot leak
transmit signals into the receive path, but they do introduce

dditional delay.
on the left. There is a 2-4-wire hybrid device in both PBXG, addiniona’ delay
and each is a potential source of echo.
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Figure 15. Circuit-Switched PSTN T-1 Network with Analog Tail Circuit
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Figure 16. VolP Network with Analog Tail Circuit

Assuming a 64-Kbps bitstream, an analog signal can be
encoded into digital pulse code modulation (PCM)
representation in 1 msec. Because round-trip delay is the
same as in Scenario 1 and processing further increases the

round-trip delay to 44 msec, any echo of sufficient loudness

will be heard.

Scenario 3: VolP Network with Analog Tail Circuit

In Scenario 3, the same type of call is made as in Scenarios
1 and 2, but on a VoIP network. Joe will hear an echo
because encoding and decoding voice into packets

introduces additional delay (see Figure 16).

Joe’s voice can travel from his telephone to the PBX in less
than 1 msec. Approximately another millisecond is needed
to encode Joe’s voice signal as PCM data and transmit

it to the PSTN-to-IP gateway. This is the same one-way
processing delay as in Scenario 2. However, because too
much network bandwidth would be consumed if the
gateway transmitted packets every millisecond, it buffers 10

to 30 msec of voice data before sending an RTP packet.

If the gateway is using G.711 with a 30-msec frame size, the
first packet containing Joe’s voice would leave the PSTN-

to-IP gateway 32 msec after Joe starts talking.

The voice packet is now sent over the WAN across the
United States to the receiving gateway, approximately 2500
miles away. If the WAN is fast and not congested, and the
delays of bridges, switches, and routers are negligible, then
the one-way propagation delay for a 2500-mile link will be
approximately 20 msec. Total delay at this point is 52 msec,
already 8 msec longer than the complete round-trip delay

in Scenario 2.

The receiving gateway buffers the voice packet to
compensate for jitter. If a minimum buffer depth of one

packet is assumed, another 30 msec of delay occurs to
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which must be added the 2 msec delay between PBX (East)
and the analog phone on the far end. Total delay from

speaker to listener is now 84 msec.

Because any echo introduced at the far end will be delayed
by the same amount of time in each direction, the total
round-trip echo delay is 2 x 84 msec or 168 msec, which far
exceeds 20 msec. The IP network components will not leak
portions of the transmitted voice back into the receive path,
but the additional delay is large enough that any echo of
sufficient amplitude will be heard by a speaker on either end.

Echo can also be a problem on an enterprise LAN. The root
cause (an impedance mismatch) is the same as in the WAN

scenario described above.

Echo Cancellation and Suppression

In order to minimize echo and improve perceived voice
quality, engineers have developed echo cancellation and
suppression algorithms. Designers typically use a DSP-
based echo canceller with a digital adaptive filter. Figure 17

illustrates a simple echo canceller system with such a filter.

The adaptive filter [H(t)] estimates and predicts echo in
order to eliminate it from the Send-In signal [y(t)]. The
NonLinear Processor (NLP) attempts to further reduce any
residual echo that remains after the cancellation done by
the adaptive filter. Several metrics are used to evaluate the
performance of an echo canceller.
Echo Return Loss (ERL) — Ratio of Receive-Out
and Send-In power, expressed in dB. ERL measures
the Receive-Out signal loss when it is reflected back
as echo in the Send-In signal. ITU-T G.168 specifies
ERL at 55 dB, and echo can be attenuated by several
means. For example, the hybrid provides 12 dB of
ERL, the adaptive filter of the echo canceller provides
18 dB, and the nonlinear processor adds 25 dB of

attenuation.




Diagnosing Voice Quality Impairments and Designing Solutions for Voice over IP Systems

White Paper

IP-PSTN Gateway

~

Receive Out

(
/\/_\,\ Receive In |
-~
WAN ~
—
Sent Out =
Near Speech + Residual
Echo

x(t) Joe Speech

Tall Circuit

H(t)

Echo Path
- )

y(t)

Send In = Near Speech + Joe Echo

N\

Figure 17. Echo Canceller Diagram

Echo Return Loss Enhancement (ERLE) — Ratio

of Send-In power and the power of the residual error
signal [e(t)] immediately after cancellation. ERLE mea-
sures the loss introduced by the adaptive filter alone.

Echo cancellers must adapt to the local tail circuit quickly,
and the difference between the approximation of echo and
the actual echo should become very small in as short a time

as possible.

Echo cancellers also must detect and adjust for double-talk
(both users speaking simultaneously) and changes in echo
paths. A primary function of echo cancellers is to return
the least amount of echo possible in the Send-Out path.
According to G.168, 55 dB of echo reduction is required.
If the network delay approaches 300 msec, echo should be
reduced by 60 dB.

Latency and Interconnect Devices

In the section Collisions and Interconnect Devices earlier

in this paper, the latency (delay) inherent in using hubs,
bridges, switches, and routers was assumed to be negligible.
However, some of these interconnect devices can add delay
to VoIP communications, and it is important to determine

if the latencies are negligible in all cases.

Hubs

Hubs are multi-port repeaters that forward data received on
one port to all other ports. Hub latencies are relatively small
and are summarized in Table 3. These delays are negligible
when compared to the 10 to 30 msec that it takes for a
CODEC to encode/decode voice.

Bridges and Switches

Bridges and switches use either store-and-forward, cut-
through, or modified cut-through forwarding techniques.

Store-and-forward — Store the entire frame before

forwarding it. Has the longest latency.

Cut-through — Forward the frame as soon as the
destination address is determined (within the first 14

bytes of the Ethernet frame). Forwards corrupt frames.

Modified cut-through — Combination of store-
and-forward and cut-through, which waits until the
first 64 bytes of frame data has been received before
making a forwarding decision. Because of this delay,
fewer corrupt frames will be forwarded. Modified
cut-through latencies for small frames (64 bytes) are

similar to store-and-forward latencies.

Device Type (Hub/Repeater) Maximum Delay (ps)

10Base-T
Class | 100Base-T
Class Il 100Base-T
1000Base-T

Table 3. Hub/Repeater Latencies

<2.0

=0.7
<0.46
=0.488
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Frame 10Base-T 100Base-T 1000Base-T
S&F C-T McC-T S&F C-T McC-T S&F C-T McC-T
1518 byte frame 1214 11.2 68.8 121 1.1 6.8 12 0.1 0.7
64 byte frame 51.2 11.2 51.2 5.12 1.1 5.12 0.5 0.1 0.5

Table 4. Bridge/Switch Latencies (in ys)

From an Ethernet perspective, data consists of anything after the Ethernet header. For VoIP, the frame data consists of
RTP, UDP, and IP headers and encoded voice. Because the three headers take up 40 bytes, a modified cut-through switch
will forward VoIP frames within the first 24 bytes of encoded voice, cutting down on the number of corrupt frames that
will be forwarded and on delay for frames larger than 64 bytes.

Latencies for all three forwarding techniques with minimum and maximum frame sizes are summarized in Table 4. (S&F =
store-and-forward; C-T = cut-through; MC-T = modified cut-through)

VoIP CODEC: use relatively small frame sizes for RTP data. Table 5 summarizes the store and forward (S&F) latencies for
typical VoIP CODEC:s with different frame sizes and frames per packet.

Frame size Frames/packet RTP Data S&F Latency S&F Latency S&F Latency
(msec) (bytes) 10Base-T 100Base-T 1000Base-T

G.711 10 1 80 126 12.6 1.3
G.711 20 1 160 190 19.0 1.9
G.711 30 1 240 254 25.4 2.5
G.723.1 5.3kb 30 1 20 78 7.8 0.8
G.723.1 5.3kb 30 2 40 94 9.4 0.9
G.723.1 5.3kb 30 3 60 110 11.0 1.1
G.723.1 6.3kb 30 1 24 81.2 8.1 0.8
G.723.1 6.3kb 30 2 48 100.4 10.0 1.0
G.723.1 6.3kb 30 3 72 119.6 12.0 1.2
G.729a 10 1 10 70 7.0 0.7
G.729a 10 2 20 78 7.8 0.8
G.729a 10 3 30 86 8.6 0.9
G.729a 10 4 40 94 9.4 0.9
GSM 20 1 33 88.4 8.8 0.9

Table 5. Store & Forward Bridge/Switch Latencies for VolP CODECs (in ps)

The longest latency is 250 ps for a 30 msec G.711 frame in a 10Base-T network, which is a factor of 100 smaller than a 30
msec voice buffer. The latency improves by a factor of 10 for 100Base-T and by a factor of 100 for 1000Base-T.

Refer to the 1518-byte frame row of Table 4 to compare latencies for cut-through and modified cut-through implementations.
Note that these latencies are better than the store-and-forward approach, and are negligible in comparison to the time it takes
to encode/decode voice in a CODEC.

The Challenge of Providing High Voice Quality

Providing high voice quality is a challenging goal in all types of telephone systems. Understanding the characteristics of VoIP
in relation to voice quality impairments, such as packet loss, jitter, echo, and latency, allows solutions to these impairments to
be planned into a system in its earliest stages to ensure success.
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Dialogic has developed a set of building blocks to help
you deploy VoIP systems with high voice quality. For
information about Dialogic building blocks used in VoIP
solutions, visit the Web pages listed below.

Dialogic® IP Boards (DM/IP and IPT)

heep:/fwww.dialogic.com/products/ip_enabled/
ip_boards.htm

Dialogic® Host Media Processing (HMP) Software

http://www.dialogic.com/products/ip_enabled/
hmp_software.htm

Dialogic® Media Gateways

heep://www.dialogic.com/products/gateways/default.hem

Sources of information for setting the default parameter
values for DM/IP and IPT boards optimally can be found
in Appendix B.
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Appendix A. Additional Capacity Planning Information
This appendix provides additional information for capacity planning.
In the section CODECs and Capacity Planning earlier in this paper, a capacity planning formula is described, and a graph of the

utilization versus the number of channels for G.711 on 100Base-T networks is presented (Figure 11). Similar graphs for G.723
(Figure 18) and G.729 (Figure 19) are provided below for reference.

4 )
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Figure 18. Utilization versus Number of Channels for G.723
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4 )

% Utilization vs Number of Channels Using G.729a
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Figure 19. Utilization versus Number of Channels for G.729

The following tables can aid in capacity planning. They specify the channel capacity at maximum recommended utilizations
for 10Base-T (Table 6), 100Base-T (Table 7), and 1000Base-T networks (Table 8).

. Frames/pckt Bits/sec/chnl Shared Switched Switched
F’?lg‘seeg')ze :’;y‘;::; Media Half-Duplex Full-Duplex
(30% utilization) (70% utilization) (80% utilization)
G.711 5 1 40 188800 7 18 42
G.711 10 1 80 126400 11 27 63
G.711 20 1 160 95200 15 36 84
G.711 30 1 240 84800 17 41 94
G.723.1 5.3kb 30 1 20 26133.3333 57 133 306
G.723.1 5.3kb 30 2 20 15733.3333 95 222 508
G.723.1 5.3kb 30 3 20 12266.6667 122 285 652
G.723.1 6.3kb 30 1 24 27200 55 128 294
G.723.1 6.3kb 30 2 24 16800 89 208 476
G.723.1 6.3kb 30 3 24 13353.3333) 112 262 600
G.729a 10 1 10 70400 21 49 113
G.729a 10 2 10 39200 38 89 204
G.729a 10 3 10 28800 52 121 277
G.729a 10 4 10 23600 63 148 338
GSM 20 1 33 44400 33 78 180

Table 6. 10Base-T Capacity Planning Recommendations (Maximum)
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. Frames/pckt Bits/sec/chnl Shared Switched Switched
F”("'n“:eg')ze :’;y‘;::; Media Half-Duplex Full-Duplex
(30% utilization) (70% utilization) (80% utilization)

G.711 5 1 40 188800 79 185 423
G.711 10 1 80 126400 118 276 632
G.711 20 1 160 95200 157 367 840
G.711 30 1 240 84800 176 412 943
G.723.1 5.3kb 30 1 20 26133.3333 573 1339 3061
G.723.1 5.3kb 30 2 20 15783.3333 G513 2224 5084
G.723.1 5.3kb 30 3 20 12266.6667 1222 2853 6521
G.723.1 6.3kb 30 1 24 27200 551 1286 2941
G.723.1 6.3kb 30 2 24 16800 892 2083 4761
G.723.1 6.3kb 30 3 24 13333.3333 1125 2625 6000
G.729a 10 1 10 70400 213 497 1136
G.729a 10 2 10 39200 382 892 2040
G.729a 10 3 10 28800 520 1215 2777
G.729a 10 4 10 23600 635 1483 3389
GSM 20 1 33 44400 337 788 1801

Table 7. 100Base-T Capacity Planning Recommendations (Maximum)

: Frames/pckt Bits/sec/chnl Shared Switched Switched
F’?I'n“seeg')ze :’:y‘i::; Media Half-Duplex Full-Duplex
(30% utilization) (70% utilization) (80% utilization)
G.711 5 1 40 188800 794 1853 4237
G.711 10 1 80 126400 1186 2768 6329
G.711 20 1 160 95200 1575 3676 8403
G.711 30 1 240 84800 1768 4127 9433
G.723.1 5.3kb 30 1 20 26133.3333 5739 13392 30612
G.723.1 5.3kb 30 2 20 15733.3333 9533 22245 50847
G.723.1 5.3kb 30 3 20 12266.6667 12228 28532 65217
G.723.1 6.3kb 30 1 24 27200 5514 12867 29411
G.723.1 6.3kb 30 2 24 16800 8928 20833 47619
G.723.1 6.3kb 30 8 24 ISSSEIEES 11250 26250 60000
G.729a 10 1 10 70400 2130 4971 11363
G.729a 10 2 10 39200 3826 8928 20408
G.729a 10 3 10 28800 5208 12152 27777
G.729a 10 4 10 23600 6355 14830 33898
GSM 20 1 33 44400 3378 7882 18018

Table 8. 1000Base-T Capacity Planning Recommendations (Maximum)
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Appendix B. Voice over IP Components from Dialogic

Setting the default parameter values for Dialogic® IPT boards and Dialogic® DM/IP boards correctly is very important since
these values can be modified to tune the VoIP performance optimally for a given installation.

Dialogic DM/IP board parameters related to VoIP voice quality are summarized in Table 9. Parameters for Dialogic IPT
boards are summarized in Table 10.

Voice Quality Function Parameter

Automatic Gain Control (AGC) PrmAGCActive
PrmAGCCnf_attfast
PrmAGCCnf_attslow
PrmAGCgain_inc_speech
PrmAGCmax_gain
PrmAGClow_threshold
PrmAGCk

Gain Control PrmGainCtrl
Volume Control PrmVolCtrl

Echo Cancellation (EC) PrmECActive
PrmECOrder
PrmECNLPActive
PrmECMu
PrmECResSpFlagEnableDisable

PrmECSuppressGain
Jitter Buffer PrmOptLatPktsTx
PrmMaxLatPktsTx
Table 9. Voice Quality Parameters for DM/IP Boards

Voice Quality Function Parameter

Gain Control DefaultTDMTransmitAttenuation

Echo Cancellation (EC) DefaultEchoTailLength
DefaultEchoReturnLoss

Jitter Buffer DefaultJitterBufferLength

Table 10. Voice Quality Parameters for IPT Boards
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For More Information
Detailed information about configuring Dialogic DM/IP

boards and Dialogic IPT boards can be found in manuals

and help files based on the system release in use.

The manuals that discuss the .config files for Windows® 6.0
CompactPClI system releases are:

Dialogic® DM3 Architecture for CompactPCI on
Windows Configuration Guide (05-1746)

Dialogic® IPT Series on Windows Configuration Guide
(05-1752)

The manuals that discuss the .config files for Linux 6.1
CompactPClI system releases are:

Dialogic® DM3 Architecture Products on Linux
Configuration Guide (05-1876)

Dialogic® IPT Series on Linux Configuration Guide
(05-1751)

The manual that discusses the .config files for the Windows
6.0 PCI system release is:

Dialogic® DM3 Architecture PCI Products on Windows
Configuration Guide (05-1875)

Parameters used in Dialogic’s configuration manager
(DCM) for the Windows® operating system are discussed
in the DCM Online Help for specific system releases.

Relevant Standards Documents

This appendix contains a selected list of the many standards

documents consulted during the writing of this paper.

IEEE

IEEE Std 802.3-2002 (Revision of IEEE Std 802.3, 2000
Edition). Part 3: Carrier Sense Multiple Access with Collision
Detection (CSMA/CD) Access Method and Physical Layer
Specifications

[Also IEEE Std 802 Overview and Architecture, IEEE Std
802.1D Media Access Control (MAC) Bridges, IEEE Std
802.2 Logical Link Control, and IEEE Std 802.3 CSMA/
CD Access Method and Physical Layer Specification]

ETSI

ETSI EN 300 726 v8.0.1 (2000-11). Digital Cellular
Telecommunications System (Phase 2+); Enbanced Full Fate
(EFR) Speech Transcoding; (GSM 06.60 version 8.0.1 Release
1999)
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ITU-T
Appendix I1I to ITU Recommendation G.726 and
Appendix IT to ITU Recommendation G.727 (05/94).

General Aspects of Digital Transmission Systems. Comparison
of ADPCM Algorithms

G.168 (04/97) Series G: Transmission Systems and Media,
Digital Systems and Networks. International Telephone
Connections and Circuits — Apparatus Associated with
Long-Distance Telephone Circuiss. Digital Network Echo
Cancellers

G.711 General Aspects of Digital Transmission Systems.
Terminal Equipments. Pulse Code Modulation (PCM) of

Voice Frequencies

G.723.1 Annex A (11/96) Series G: Transmission Systems
and Media. Digital Transmission Systems — Terminal
Equipments — Coding of Analogue Signals by Methods
Other Than PCM. Dual Rate Speech Coder for Multimedia
Communications Transmitting at 5.3 and 6.3 kbit/s. Annex
A: Silence Compression Scheme

G.729 Annex A (11/96) Series G: Transmission Systems and
Media. Digital Transmission Systems — Terminal Equipments
— Coding of Analogue Signals by Methods Other Than PCM.
Coding of Speech ar 8 kbitls Using Conjugate Structure
Algebraic-Code-Excited Linear-Prediction (CS-ACELP). Annex
A: Reduced Complexity 8 kbitls CS-ACELP Speech Codec

G.729 Annex B (11/96) Series G: Transmission Systems and
Medsa. Digital Transmission Systems — Terminal Equipments
— Coding of Analogue Signals by Methods Other Than PCM.
Coding of Speech at 8 kbit/s Using Conjugate Structure
Algebraic-Code-Excited Linear-Prediction (CS-ACELP).
Annex B: A Silence Compression Scheme for G.729 Optimized
for Terminals Conforming to Recommendation V.70

H.245 (09/98) Series H: Audiovisual and Multimedia
Systems: Infrastructure of Audiovisual Services —
Communication Procedures. Control Protocol for Multimedia

Communication

Network Working Group Memos
RFC 1889. RTP: A Transport Protocol for Real-Time
Applications (January 1996)

RFC 1890. RTP Profile for Audio and Video Conferences
with Minimal Control (January 1996)

t£c2833. RTP Payload for DTMF Digirs, Telephony Tones
and Telephony Signals (The Internet Society, May 2000)
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