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(ABSTRACT)

This thesis describes the development of the audio coding and identification
algorithms for an Interactive Video Data Service (IVDS) system. The overall purpose of
the IVDS system that is discussed in this thesis is to provide the user with a wireless
return path to the host site. The information being broadcast from the host site can vary.
However, it is assumed here that the host site is broadcasting some type of advertisement
or commercial, in which case the user's return path is for communicating an interest to the
host site in obtaining something of value. The host site is made aware of the interest of
the user when a transmission from the user is received. After the user's transmission has

been obtained, decoded, and analyzed the host site takes an appropriate course of action.

Our particular IVDS system must be noninvasive to the existing broadcast system



and have no physical contact with the television at the user end of the system. Our system
must also allow the user to make a selection at virtually any time. The performance and
feasibility of such a system is studied. The necessary number of bits per user transmission,
speed of commercial identification, and the success rate of the commercial identification
process are tradeoff factors in our IVDS application. We examine these tradeoff factors

and discuss the effect various approaches to solving our problem have on them.

The correlation coefficient is used as a distance measure in our IVDS application
and compared on the basis of feasibility to other distance measures that have recently been
used in the related problems of speech recognition and speaker identity verification. The
performance of a few distance measures that are based on the inner product are studied
through various simulations.

The performance of the 'optimal' system that is developed as a result of the various
simulations is acceptable for 'small scale' usage. The performance can be optimized for
various criteria and depends on the distance measure used and some of the parameters of

the proposed system.
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1. INTRODUCTION

1.1. Problem Statement

A brief description of interactive video data service (IVDS) systems is given in this
section, as well as a general overview of how such systems operate. A set of requirements
is then described for a particular user-initiated, noninvasive application. A high level block

diagram of an IVDS system is shown in Figure 1.1.

HOST SITE

TELEVISION

(T Aoty . | COMMERCIAL
ransmitte '
\\\_j A E DATABASE

USER UNIT |-\ »| REPEATER | A\ , | IDENTIFIER

RF RF T
TRANSMISSION TRANSMISSION

Figure 1.1 - High Level Block Diagram of an IVDS System

The overall purpose of an IVDS system is to provide the user with a wireless return
path to the host site. The information being broadcast from the host site can vary.
However, it is assumed here that the host site is broadcasting some type of advertisement

or commercial, in which case the user's return path is for communicating an interest to the



host site in obtaining a particular product, service, or information about a product. The
host site is made aware of the interest of the user when a transmission from the user is
received. After the user's transmission has been obtained, decoded, and analyzed, the host
site notifies the appropriate company or organization of an order for a particular product
by the particular user. Note that in the block diagram of Figure 1.1 only the return path of

the IVDS system is shown.

An identification process needs to take place, the goal of which is to identify the
correspondence of a user's transmitted parameters with a particular commercial. Because
of the desire to keep the hardware costs to a minimum at the user side of the IVDS
system, very high speed hardware at the user side is not an option. So, for computational
reasons the identification is best done at the host site, as shown in Figure 1.1, because at

the user site there is not enough processing power or memory available.

The design of the particular IVDS system of interest is subject to very specific
constraints and requirements. For a user initiated system, the user needs to be able to
order the product or information at any random time in the interval during which the
commercial is being viewed by the user. Please note that this may be at the time of the
actual broadcast, but it does not have to be; the commercial could have been recorded, for
example on a video cassette recorder (VCR). A main requirement of the IVDS system is
to be noninvasive, that is it has no physical connection or contact with the television.
Therefore, the only access to the broadcast signal is through the audio from the speaker of

the user’s television, which is also illustrated in Figure 1.1. Another major requirement is



that there be no modification or coding of the television signal before it is transmitted.

There are many tradeoffs involved in finding solutions to the above IVDS problem.
The necessary bits per transmission, speed of commercial identification, and commercial
identification success rate are tradeoff factors in our IVDS application. The number of
bits that can be used per user for identification of a commercial, due to practical
implementation issues, was specified to be no more than 200. The speed of identification
of a particular technique will be considered in terms of the number of computations per
user per 30 second commercial so that one technique may be compared with another.
Also, the performance in terms of commercial identification, due to the limited number of
commercials in the database, was assumed to be acceptable only if the system could
identify the proper commercial 100% of the time with some margin of safety in a

reasonably noisy environment.

1.2. Purpose of this Thesis

This thesis deals with the research efforts aimed at developing a noninvasive, and
user initiated, interactive television system. Transmitter and controller development are
not considered here. Instead, this thesis focuses on the audio processing portion of the
system. The other parts of the system will be referred to only as needed in the discussion
of the audio processing development. It will be assumed that, due to proper modulation,
channel coding, and repeater placement, the uncorrected bit errors resulting from noise in

the return channel will be negligible.



1.3. Overview

One requirement of the system is that it use no more than 200 bits per user
transmission to characterize the broadcast audio signal. Therefore, the coding process
must involve deriving a small number of parameters from a section of audio at the user
site, and implies a kind of coding of the broadcast audio signal. After the broadcast audio
signal parameters have been transmitted and received, they need to be compared with a set
of parameters that was derived from the original commercial recordings and stored in a
database at the host site. The goal is to determine the segment of audio in the database
that corresponds to the user transmitted parameters, which implies that a certain type of
audio identification technique needs to be employed. In Chapter 2 several general
approaches are discussed to the coding and identification of audio in the context of the
problem that has been described in Section 1.1. Also, at the end of Chapter 2 a high level
description of the selected approach is presented. The details and theory behind the

selected approach are given in Chapter 3.

Test procedures and partial results will be given in Chapter 4. Conclusions will be
presented in Chapter 5, which will include comments on feasibility as well as on future

work that can be done in applications similar to our IVDS application.



2.0 GENERAL APPROACHES

In this chapter various audio coding approaches as well as audio identification
approaches will be discussed in the context of the IVDS problem that was described in
Section 1.1. The first section gives details about the assumptions made about certain
aspects of the problem. In Section 2.2 we discuss various audio coding or compression
techniques and their suitability for our application. In Section 2.3 we discuss two aspects
of audio identification. These are feature selection and distance measurement. Various
approaches are discussed and a comparison is made between them. The last section of this
chapter contains a high level description of the approach that has been selected to solve

our IVDS problem.

2.1. Assumptions Made About the Problem

An attempt was made to keep the number of assumptions about the IVDS problem
to a minimum. However, because the solution to the problem must work for a variety of
channels and inputs, certain assumptions needed to be made. The first part of this section
discusses the assumptions made about the channel from the host side to the microphone of
the user unit. The second part of this section discusses the assumptions made about the

sound content of the inputs to the channel (the commercials).

2.1.1. Channel Assumptions

For the audio coding portion of the IVDS system, the channel is comprised of the



following:
1. The RF communications path between the host side and the user’s television.

2. The electrical path through the television from the receiver to the speaker, which
may also include the electrical path through the VCR, if one is used to record the

signal for playback at a later time.

3. The acoustic path from the speaker of the television to the microphone of the

user unit.

The broadcaster uses frequency modulation (FM) to broadcast the audio portion of
the signal over the first portion of the channel (from the host side to the user’s television).
The requirement by the FCC on the maximum deviation for peak modulation is +25 kHz.
The transmission is capable of producing an audio bandwidth of 50 to 15,000 Hz. The
reception of a broadcast is affected by and will depend on the distance, structures,
topology, and atmospheric conditions between the host side and the user’s television [1].
We have assumed that under normal operating conditions the noise introduced in the RF
portion of the channel, in comparison to other portions of the channel, is negligible. We
assume that the video component of the transmitted signal will be corrupted before the
audio component, so that the user could not watch the television if the audio was

significantly degraded.

The path through the television is dependent upon the type of television as well as

when it was manufactured and will surely differ from television to television. Newer and



better models of televisions and VCRs will have a flatter frequency response than the older
and cheaper models. We will assume that in the worst case scenario the frequency
response of the channel from the receiver to the speaker of the television is flat up to 7.5
kHz, which is an important assumption as it influences the choice of the sampling rate for
the IVDS user unit. The noise introduced by the television set includes thermal noise, shot
noise and flicker noise [1], all of which are normally insignificant and definitely negligible

in comparison to the noise introduced in the last part of the channel.

The last part of the channel is from the speaker of the television to the microphone
of the user unit. There will usually be a considerable degradation of the signal-to-noise
ratio (SNR) as the signal passes acoustically through the air in this portion of the channel.
There are no real a priori assumptions that can be made about the character of the noise
introduced in the acoustic portion of the channel. It is different from user side to user side
and depends on the acoustic environment in which the user’s television is placed. The
noise could be white and Gaussian in nature, interfering speech, background music, or a
wide variety of other sounds. Most of the tests were conducted with a low pass type of

noise that had a white Gaussian characteristic over the frequencies of interest.

As mentioned in Section 1.1, it is assumed that the proper channel coding, repeater
placement, modulation technique and transmitter power will be used, so that the
uncorrected bit errors induced by the channel from the user unit back to the host side will

be negligible.



A model for the channel based upon the assumptions is now shown in Figure 2.1.

Negligible
- Noise
Bandwidth .
Attenuation ofa Whlte
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RF

v Transmission

\_,/ «— Interfering Speech,
% Music, Background Noise
USER UNIT

Figure 2.1 - Assumed Host-User Channel Model

2.1.2. Input Assumptions

The inputs can be considered to be the commercials that are broadcast from the host
side. The commercials may be comprised of audio components that are very different in
nature. The majority of components can in general be classified as either speech, music, or
silence. It is impossible to know a priori how much of each of these components to expect
and when in the commercial to expect them. In addition to this complication, there are
certain audio components that will comprise some commercials that will not fall into any
of the three categories listed. However, we assume that the commercial is mostly

comprised of speech and/or music or sounds that can be modeled in a similar manner.

In the IVDS problem that is presented in Section 1.1, the commercials in the



database are seen as a finite set of realizations of random processes. It is assumed that the
majority of these realizations are mainly composed of linear combinations of speech and
music. Since speech and music are random processes, a linear combination of them is also
a random process, but the resultant process has greater complexity. We assume the
processes that we are dealing with are nonstationary, because of the dynamic nature of
speech and music over a long term interval. However, when we are looking at short time
periods of each realization we can assume it to be a realization of a process that is wide
sense stationary and correlation ergodic, if the interval is small enough. We will assume
the length of this small interval to be about 20 ms [2]. We can model the short term input
to the channel as an autoregressive (AR) process. Speech has been successfully modeled
as an AR process for years [3]. Voiced speech is especially well suited for the AR model,
because of its spectrally ‘peaky’ nature. The spectrum of most music has stronger spectral
peaks than speech and therefore also tends to fit the AR model. Therefore, overall we can
reasonably assume that we are dealing with an AR process, since linear combinations of
two AR processes will fit the AR model. This can be demonstrated using the linearity
property of the z-transform. Due to the 200 bits per user transmission limitation, we will
plan on a limited number of spectral peaks being present in the signal and therefore a
limited number of speakers and/or instruments at any one time. This will be discussed in

Section 3.3, which deals with the subject of order estimation.



2.2. Coding Approaches

There are many different techniques for coding wideband speech and/or audio [4, 5,
8] and speech confined to the 300-3000 Hz range [6]. The major difference between our
IVDS application and the majority of speech and audio coding applications is the fact that
most applications require resynthesizing of the coded speech and/or audio at the receiving
end of the system. However, our IVDS application involves a matching of the coded
audio with a particular segment of audio at the receiving end of the system. No synthesis

at the receiving end is necessary.

There are two basic approaches to the coding of speech and audio. They are
waveform coding and vocoding. These two approaches have different goals and are based
on different theories. We will discuss both of these approaches, focusing on the
advantages and disadvantages of each method in the context of the IVDS problem that
was presented in Section 1.1. The discussion of these techniques will be kept general and
an emphasis will be placed on the philosophies of each method as well as on the major

advantages and/or disadvantages of each technique in the context of this application.

2.2.1. Waveform Coders

Waveform coding is a technique that is concerned with preserving the waveform of
the source as accurately as possible. There are many coding approaches that fall into this
general classification [9]. The more popular of these methods include Adaptive Delta

Modulation (ADM), Adaptive Differential Pulse Code Modulation (ADPCM), Adaptive

10



Predictive Coding (APC), SubBand Coding (SBC), and Adaptive Transform Coding

(ATC).

Waveform coding usually results in a high quality synthesized waveform at the
receiving end at the cost of a higher bit rate. Waveform coders can be divided into two
general categories. They are time domain waveform coders, such as ADM and ADPCM,
and frequency domain waveform coders, such as SBC and ATC. In the following two
sections we will discuss the disadvantages and advantages of these two types of waveform

coders in the context of our IVDS problem.

2.2.1.1. Time Domain Waveform Coders

Time domain waveform coding is a technique that is concerned with accurately
preserving the sampled waveform as a series of discrete amplitudes over a finite time
interval. If this technique were used in our IVDS application, the speech samples
themselves would be the features for the identification process. This is a major
disadvantage because speech samples do not make good features for two reasons. The
first reason deals with the restriction of the interval of the signal in the time domain over
which the features are obtained. The second reason is because of the lack of orthogonality
of the feature vectors in the database. We will now discuss these two disadvantages of

using speech samples as coded features in this application.

First of all, because the sampling rate of the system is 16 kHz, a 20 ms segment of

speech consists of 320 samples. ADPCM is capable of providing a bit rate in the range of

11



40 kbps down to 24 kbps in the usual applications, where the coded speech is
resynthesized on the receiving end of the system. As bit rates less than 24 kbps are
attempted, the quality quickly decreases [18]. At the coding rate of 24 kbps, we would

need

24kbits _ 480bits

(1 frames] B frame
0.020 s

ADPCM would require more than double the maximum allowable number of bits to code
a section of audio that is just one phone long. Therefore, the segment of the signal over
which the features would be calculated would not be very long. The ADM technique
yields a lower bit rate but not low enough to be used in our application. It provides a rate
of about 1 bit per sample. This would require 320 bits per 20 ms frame, which is more
than the limit per user transmission. The unknown noise environment can contain some
strong impulsive noise that has a chance of occurring during a single 20 ms frame, which
makes the sampled data at that point of very little value. The host side would not have
much accurate information to identify the users audio from. It would be advantageous to
choose features that can represent the commercials over long time intervals with as low a
number of bits as possible, even if the representation is not as accurate a representation
over the interval. There are other techniques that we can use to represent the signal with a

relatively low number of bits over a relatively long time interval. We will discuss the

12



techniques and the ways in which these techniques can be used for our IVDS application

in the following sections.

Another problem is the fact that there may be many 20 ms frames in the database
that are similar to one another (repeated occurrences of the vowel /a/, for example). This
similarity makes it difficult to distinguish between them, especially when the user has a set
of features from only one 20 ms frame of the commercial that, in addition, has been
corrupted by noise and distortion. This problem of feature vector similarity will be

discussed in greater detail in Section 2.3.1.

2.2.1.2. Frequency Domain Waveform Coders

This type of waveform coding includes SBC and ATC. Frequency domain
waveform coding is a technique that involves decomposing the source signal into different
frequency bands or subbands and coding the signal in each of these subbands individually.
Waveform coding, such as (APCM), is done on either the time domain waveform or the
frequency representation of the signal in each subband. Frequency domain waveform
coding is better for us than time domain waveform coding, because it allows us to focus
on the frequency band that we predict to contain the most information and/or the least
noise. In this manner, we can reduce the number of bits used to code each frame of the

signal, by coding only the important and/or least corrupted features of each frame.

For the variation of this technique that involves coding of the frequency domain, the

number of bits can be reduced because we can use bandpass filtering to eliminate

13



corrupted and unimportant portions of the commercials. This will be discussed in detail in
Section 3.2.1. The idea of subband coding is beneficial to us in our IVDS application. It
enables us to increase the likelihood of an acceptable SNR by eliminating the subbands of
the received signal that are likely, according to our assumptions about the channel and
inputs to the channel, to have a low SNR. However, there is a technique that can produce
coefficients that more concisely describe the spectral content of the signal and therefore
further reduce the number of bits needed per frame. This technique is called linear
prediction and is used in many types of vocoders [20, 21, 22, 23, 19]. This operation
produces good features for our IVDS application. Many different transformations of
these parameters are used successfully as features in many speech recognition algorithms
[25]. The theory and benefits of linear prediction in the context of this application will be

discussed in more detail in Section 2.2.2.2.

2.2.2. Vocoders

There are a number of different types of vocoders [2], [6]. Most vocoders are based
on the model of human speech production that was developed in the early 1900s [17].
The goal of vocoders in general is to characterize individual frames of the sound obtained
from the source and to reproduce the sound as accurately as possible at the receiving end
of the system. Parameters are obtained from each frame of speech and can be viewed as
coefficients of the short-term transfer function of the vocal tract. In Section 2.2.2.1 we

will discuss a variety of vocoder approaches in the context of their application to our
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