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Figure2  Acoustic and electric echo in a telephone network environment
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Abstract:
This paper provides an introduction into the basics of echo cancellation. The paper is kept general but it emphasizes on the emerging Voice over IP (VoIP) market. However, most aspects can also applied to Asynchronous Transfer Mode (ATM) or wireless networks. This paper shows why and where echo cancellation is required, what echo is, and what causes it. It also gives an overview of the standards involved in echo cancellation. The SIDECTM, Infineon’s digital echo canceller, meets the requirements of the VoIP market. This paper shows how it can be integrated into a VoIP system and the advantages the solution offers.

What is echo and where does it come from?
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A simple example from everyday experience is a good introduction to the basics of echo cancellation. Most people have heard an echo when speaking loudly in the mountains. The echo you hear is your own voice, reflected back to you from distant surfaces. Figure1 shows an example. John and Little-John are yelling toward the mountain and the signal is reflected from certain areas (reflection points). The voice and the echo are visualized as waves. Bryan can’t hear any echo because he is behind the reflection point.The time it takes for the voice to travel from John and Little-John of Figure 1 to the reflection point is called one-way delay. The time it takes to travel to the reflection point and back to the person making the sounds is called the total round-trip delay. In this illustration, the one-way delay is either 80 ms or 10 ms, depending how far John and Little-John are away from the reflection point.

Let’s assume two people are having a conversation over a network. The network can be IP, satellite, or another network type with long delay. In Figure 2 John on the telephone is 80 ms or more (one-way) delay away from the reflection point. This is an equivalent situation to Figure 1. Bryan on the mountain in Figure 1 is in the house in Figure 2, and John who is 80 ms away from the reflection point in Figure 1 is the person with the telephone in Figure 2.

John would hear two different kind of echoes of his own voice. One echo is the electrical echo that occurs at the transition from 2- to 4-wire cable, called the hybrid (H). The hybrid itself is typically located in the Central Office (CO) other location are possible, e.g. Private Branch Exchange (PBX). The hybrid is the reflection point of the electrical echo.

The reflection point of the voice in the house could be the wall, the furniture, etc. This  echo is called acoustic echo. The voice coming out of the loudspeaker bounces back from the wall to the microphone. The wall is the reflection point of the acoustic echo.
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In both cases electrical and acoustic echo, John can hear his own voice.

It may be nice to hear one’s own echo in the mountains, but not during a telephone call, when echoes will definitely interfere with the conversation.

What does delay have to do with echo?

In Figure 1, Little-John who is very close to the reflection point doesn’t hear his echo, because he is too close, only 10 ms away. The echo occurs, but the elapsed time is too short to be perceived. However, John who is 80 ms away will hear the echo because of the longer delay. People can hear an echo if the one-way delay exceeds 25 ms.

The one-way delay is shown in Figure 2, and, the echo tail end delay is illustrated in Figure 3. The echo tail-end delay, is the time the voice needs to travel from the echo canceller to the hybrid and back. The tail-end delay can differ depending on the distance between the echo canceller and the hybrid, the quality of the hybrid (dispersion), and the acoustic echo.

The capacity of an echo canceller is determined by the echo tail-end delay (e.g., 64 ms). 

How does delay occur? The four following examples show how the delay is introduced in networks.

• For satellite transmission, it takes several hundred ms for the voice to travel from earth to the satellite and back to the earth (e.g., a satellite at 14,000 km altitude has a 120-ms one-way delay). The key factor here is the geographical distance, which differs widely within and among countries. Also, in real-life applications, the routing in international and national networks is often determined by factors other than performance.
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• An example for the transmission time in purely digital networks among local exchanges is 4.8 ms for 400 km/ 250 miles

• Routing causes delay in an IP network

• Delay is introduced by digital signal processing for voice compression or packetizing (e.g. CS-ACELP at 8 k bit/s; G.729 coder and decoder one-way delay is 15 ms).

In VoIP applications, the delay becomes a big issue due to processing time. The

processing may include voice compression and decompression, packetizing and depacketizing, and packet delay in IP networks. Delays of more than 200 ms are not rare in IP networks. Figure 4 shows an example of how delays can add up in an IP network.

What does the echo canceller do?

If echo is encountered in the network, echo cancellation is required. The echo canceller simulates the end echo path with a special algorithm --an Echo Estimation Unit—using the received signal. The signal that is reflected from the hybrid is subtracted from the calculated signal of the echo canceller (Figure 3). Ideally, the signal at the output of the echo canceller does not contain any echo.
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Figure4  Example of 98.8-ms one-way delay for VolP




Why do I need echo cancellation in VoIP?

There are several issues:

• Because of the voice compression, packetizing in IP and routing, the delay for the total round trip always exceeds 50 ms in VoIP applications.

• If you have an IP network connected to a public switched telephone network (PSTN) network, echo cancellation is required due to the presence of analog telephones in the PSTN. The hybrids are the cause of the signal reflection as well as the source of the echo.

• The quality of a VoIP system is likely to be compared to the quality of a PSTN network.

To compete with the telephone system, everybody is used to, the quality in IP

networks has to be at least as good. To achieve this quality, an echo canceller that has been approved for PSTN systems should be used.

Where do I need echo cancellation in VoIP?

If a phone call is carried out from an IP based network to a TDM based network, an echo canceller is required on the border of the two networks. This could be an Interworking (IWU), a VoIP gateway, Cable Head End, Customer Premises Equipment (CPE) etc. Figure 5 illustrates different situation where echo cancellation is required. It gives a few examples in which environment the echo canceller has to be implemented.

• Voice over IP gateways require echo cancellation to cancel the echo occurring in the PSTN.

• Echo cancellation is required on CPE, if the CPE is using VoIP.

• Sending voice over a Digital Subscriber Loop (DSL) system into an IP network. A Digital Subscriber Line Access Multiplexer (DSLAM) could also require echo

cancellation if the voice channels are connected to the PSTN.

• Another application is Private Branch Exchange (PBX) systems to send voice over IP. In this case, the PBX has to take care of the echo cancellation.

• If voice over IP is used in a cable modem application echo cancellation has to be implemented in the Head End and in the cable modem itself.

If a phone call remains in the Local Area Network (LAN) or Wide Area Network (WAN), no echo cancellation is require because hybrids are not present.
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What echo cancellation standards exist?

Different standards for objective and subjective testing of echo canceller exist.

Specifications can cover only certain network conditions. They are not able to cover all possibilities that can occur in a network or in gateways. The ITU recommendations state which performance standards an echo canceller has to meet. The standards refer to minimum levels of performance (in boldface).

G.165

This recommendation is applicable to the design of echo cancellers using digital or analog transmission, and intended for use in an international circuit or cell phone circuits.

The tests in G.165 focus on bandwidth-limited noise performance. Echo cancellers passing these tests may nevertheless perform poorly on speech. It is recommended that designers and users of echo cancellers ensure adequate speech performance.

G.168

This recommendation is applicable to the design of echo cancellers using only digital transmission, and intended for use in circuits where the delay exceeds the limits specified by G.114 and G.131. G.168 defines tests that ensure echo canceller performance is adequate under wider network conditions than specified in G.165, such as performance on voice, FAX, residual acoustic echo signals and mobile networks.

This Recommendation defines objective tests that if passed will ensure a minimum level of performance when installed in the network. These tests are lab-type tests and are not designed to be run in-service. Also, these tests are objective tests and do not replace or eliminate the need for subjective tests to measure the perceived quality of echo cancellers. Echo cancellers are complex devices with multiple parameters, and the correlation of these parameters and their interactions to the subjective quality of an echo canceller cannot be specified.

O.22

O.22 includes an in-circuit echo canceller testing system sequence, intended to test both near-end and far-end cancellers on a circuit under test. The test system is suitable for testing echo cancellers complying with recommendation G.165

A specification for subjective echo cancellation is

P.831

This Recommendation describes procedures to be used to assess the subjective

performance of echo cancellers. The methods defined here may be used to assess the extent to which an echo canceller operates effectively for voice users of the PSTN.

In addition to these standards there are drafts and standards that can be used to define the need for echo cancellation.

G.131

This Recommendation provides specifications for talker echo control. The intention of G.131 is to ensure the acceptable echo performance on international and national long distance connections. The specifications include a maximum transmission time (delay) limit. Recognizing that some network operators may want to deploy echo control devices in connections with less transmission time than the limit specified in this Recommendation (e.g. if better echo performance is desired).

G.114

ITU-T G.114 provides specifications for transmission time, including delay due to

equipment processing time as well as propagation delay, in connections with echo adequately controlled. The Recommendation is intended to assist network operators as well as equipment manufacturers in controlling the detrimental effects of delay (without echo) on service quality.

How does the SIDECTM fit into this emerging VoIP market?

The SIDECTM is the smallest hard-wired solution on the market. The algorithm

implemented in the SIDECTM is an algorithm that had developed over the years. The algorithm was tuned with thousands of voice samples from Asia, Europe, South and North America. The algorithm is proven world-wide, and has been used in international exchanges and MSC’s for several years (4th generation). The SIDEC was developed specifically for these kinds of applications. Several functions that are implemented for MSC and international exchanges can be used for the new VoIP echo canceller market.

How well does the SIDEC fit into this emerging VoIP market?

• Voice quality is a major issue for telecommunication networks. The SIDECTM is tested with samples from Asia, Europe, North and South America and is designed for highest subjective voice quality. The VoIP customer will benefit and the success of VoIP is guaranteed.

• For high density implementation Infineon Technologies offers the smallest hard-wired echo canceller solution on the market a LFBGA-160 pin package in 13 mm x 13 mm.

• To integrate a high density of phone lines most effectively, the best way to off-load some of the MIPS of DSP doing echo cancellation (and separately voice compression), is to move to hard-wired solutions that consume far less power and board space.

• Voice detection can be used for silence suppression in VoIP application. Voice

Detection also used to differentiate between periodic signals and voice, in order to stabilize the algorithm in extreme network conditions and for DTMF tone stability.

• The double-talk detection of the SIDECTM is outstanding, due to differentiation

between true double-talk and assumed double-talk. There is no clipping or breaking up of the near-end speaker’s words.

• G.168 specifies comfort noise for network echo canceller. The comfort noise in the SIDEC uses a more sophisticated, subjective comfort noise. This comfort noise is a remarkable improvement for the call quality.

• G.711 for A-law, µ-law conversion on a per-channel basis is supported, to handle world wide telephone connections.

• The SIDECTM is a plug and play solution. No software is required and extremely short time to market is achieved.

• Delay is a big concern for IP networks therefore echo cancellers should not introduce additional delay of several ms due to processing time. SIDEC has a delay of 125s.

CONCLUSION:
Hence, this paper provides an introduction into the basics of echo cancellation. The paper is kept general but it emphasizes on the emerging Voice over IP (VoIP) market. However, most aspects can also applied to Asynchronous Transfer Mode (ATM) or wireless networks. This paper shows why and where echo cancellation is required, what echo is, and what causes it. It also gives an overview of the standards involved in echo cancellation. The SIDECTM, Infineon’s digital echo canceller, meets the requirements of the VoIP market. This paper shows how it can be integrated into a VoIP system and the advantages the solution offers.

Bibliography:


1. Atal, B.S., and Hanauer,S.L., ”Speech Analysis and Synthesis”


2. Hamming, R. W., Digital Filters, 3rd Edition, Prentice hall.


