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(ABSTRACT) 

This thesis describes the development of the Voice Coding Develop- 

ment and Research (VoCoDeR) System, a software tool for testing and 

development of new speech coding methods. This tool enables a research- 

er to build a voice encoder and speech filters, determine an optimal bit 

allocation scheme, and/or create an error correction scheme, as desired. 

Using a channel simulation tool such as BERSIM, the user can create bit 

error patterns to corrupt the data and then decode the speech for playback 

and analysis. The system is based upon the North American Digital Cel- 

lular (NADC) 8kbps Vector-Sum Excited Linear Prediction (VSELP) speech 

coder and is currently capable of simulating the complete IS-54 source 

and channel coding scheme. 

The system is tested using Multi-Stage Vector Quantization and 

Finite-State Vector Quantization (FSVQ) applied to the linear prediction 

coefficients. FSVQ provides significant bit rate savings over previous



methods of quantization. A variety of coefficient representations are com- 

pared including log-area ratios, arcsine reflection coefficients, line 

spectrum pairs and immittance spectrum pairs. This has allowed the re- 

cently introduced immittance spectrum pairs to be tested using vector 

quantization. Multiple distortion measures are also examined. The Vo- 

CoDeR System provides a tool that will allow an engineer to work on new 

speech coding algorithms or to determine an optimal source and channel 

coding scheme.
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1. INTRODUCTION 

1.1. Wireless Communications 

Communication systems are a necessary part of our society. Until 

recently, most communication systems were restricted to fixed geograph- 

ical locations. The miniaturization of electronics has allowed the devel- 

opment of portable communication systems. The introduction of the 

cellular concept in the early 1980’s led to dramatic increases in the spec- 

tral efficiency of wireless systems [Lee89]. Now that a two-way mobile 

radio can be conveniently held in the hand, sales of wireless communica- 

tions are growing at annual rates of 30 to 40%. As society becomes more 

fast-paced, the demand for ubiquitous communications will continue to 

grow. In the analog Advanced Mobile Phone System (AMPS), the spectral 

efficiency is limiting access to the cellular system. Many large metropoli- 

tan areas have already overloaded their existing capacity. New techniques 

will have to be developed to more efficiently utilize the available spectrum. 

With the exploding popularity of wireless communications, more and more 

resources are being dedicated to designing the wireless communication 

networks of the future. 

1.2. Speech Coding 

| 
With the implementation of Global System Mobile (GSM) in Europe 
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and abroad, the world has its first fully digital, public communication 

system [GSM90]. In North America, the IS-54 and IS-95 cellular stan- 

dards employ digital technology based on Time-Division Multiple Access 

(TDMA) and Code-Division Multiple Access (CDMA), respectively. Digital 

communications allow advanced signal processing capabilities, which pro- 

vide performance improvement at the expense of computational 

complexity. Previously, many algorithms have been too complex to be re- 

alistically implemented on a relatively inexpensive communication system. 

With the miniaturization of the electronics and the recent increases in 

computation ability, real-time, low-rate speech coding has become a 

reality. 

Vector quantization is used throughout digital, parametric speech 

coders. Vector-Sum Excited Linear Prediction (VSELP) makes use of vec- 

tor quantization to generate the excitation sequences and gains. The 

VSELP algorithm is employed in the North American Digital Cellular 

(NADC) telephone standard [EIA90]. Code Excited Linear Prediction 

(CELP) also uses a vector excitation codebook [Cam91]. With the im- 

provements in performance for digital signal processing (DSP) chips, more 

complex methods of vector quantization are becoming feasible for imple- 

mentation in real-time speech encoder/decoders (codecs). For example, 

Motorola’s half-rate GSM codec utilizes a form of tree-structured split- 
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vector quantization (split-VQ) to quantize the linear prediction coefficients. 

If the bit rate of the speech coder is reduced, there can be a much 

larger effective reduction, since decreasing the number of information bits 

before error protection reduces the number of redundancy bits. For ex- 

ample, if arate 1/2 error correction code is used, reducing the information 

rate by 200 bits will save 400 bits from the transmission bit stream. This 

result is one of the prime motivating factors to producing high-quality, 

low-rate speech coders. 

1.3. Purpose of Research 

The thesis describes the development of the VoCoDeR ( Voice Coding 

Development and Research ) system, a software tool to enable the devel- 

opment of speech coding algorithms and to engineer an optimal channel 

coding scheme for speech coding systems. This tool provides a testbed to 

simulate voice coding algorithms and channel coding schemes. The tool 

will allow new vector quantization techniques to be tested in an end-to-end 

system. It will also allow new speech coding algorithms to be developed. 

This tool can be utilized in combination with a bit-error-rate simulator to 

prototype and test complete mobile communication systems and conduct 

engineering trade-off analysis to determine the most efficient implemen- 

tation for future generation digital wireless communication systems. 
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This thesis examines vector quantization applied to immittance 

spectrum pairs and compares this with other known linear prediction co- 

efficient representations. It also implements finite-state vector quantiza- 

tion for linear prediction coefficient quantization in a speech coder. 

Previously, only small, stand-alone codebooks were compared to assess 

the performance. The research in this thesis constructs full-size code- 

books and evaluate their performance in a speech coder. Not only can this 

software test voice coders, but it also allows testing in wireless enviro- 

ments with realistic error protection schemes. 

1.4. Outline of Thesis 

This thesis is organized as follows. Chapter 2 provides an intro- 

ductory treatment of speech coding concepts. Chapter 3 describes vector 

quantization and its application to speech coding techniques. Chapter 4 

will discuss the VoCoDeR system, which is used to prototype new speech 

coders and their channel coding. Chapter 5 presents performance results 

for some low rate vocoders, including two novel approaches to vector 

quantization of vocoder coefficients. Chapter 6 will present the conclu- 

sions of this research and suggestions for future work. References and an 

appendix containing software documentation follow this thesis. 
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2. VOICE CODING 

In order to represent analog signals in digital form, the signal must 

be sampled at discrete instants in time and then the analog sample values 

must be parameterized with discrete values. The Sampling Theorem 

[Cou90] implies that a bandlimited signal may be uniquely represented by 

samples taken at twice the rate of the highest frequency component. Typ- 

ically, human speech is bandlimited to 4000 Hz requiring a sample rate of 

8000 Hz. 

There are two types of coding methods for speech coding. There are 

waveform coders and voice coders. A waveform coder encodes the actual 

speech waveform. There are many methods used to encode the waveform. 

Some examples are pulse-code modulation (PCM), differential PCM 

(DPCM), non-uniform quantization, companding, 5-modulation, sub-band 

coding, and adaptive transform coding. 

In PCM, each sample is quantized to one of 2° amplitude levels, 

where R is the number of bits per sample [Llo57]. In this quantization, the 

continuous amplitude levels are replaced with discretized values by mini- 

mizing the distance between the continuous value and the discrete value. 

There are methods that improve upon PCM. Differential PCM 

(DPCM) takes advantage of the correlation between samples to reduce the 
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bit rate of the waveform coder. Instead of encoding the amplitude levels as 

in PCM, DPCM encodes the differences in the levels. This method as- 

sumes a slowly-varying signal, which implies that the differences in 

subsequent samples are small. Since the differences are small, they 

should require a fewer number of bits to be accurately represented. Both 

PCM and DPCM assume a stationary signal. Since speech is slowly time- 

varying, an adaptive step size can usually improve performance. [Ben86] 

describes the CCITT standard for 32k bits per seconds (bps) speech using 

adaptive DPCM (ADPCM). 

Another method to improve upon PCM is to allow non-uniform 

quantization. This implies that the step size between discrete amplitude 

levels is not uniform. [Max60] and Lloyd independently developed an al- 

gorithm for quantizing any signal with minimum distortion given its 

probability distribution function. 

Since the human ear has a logarithmic sensitivity [Del93], it would 

make sense for the quantization levels to be distributed in a logarithmic 

manner. Compandor is a word derived from compressor/expandor and it 

represents the function whereby the input signal is compressed to even 

out the input distribution to a more uniform case. Then the waveform is 

encoded, transmitted, and decoded. After decoding, the signal is "expand- 

ed” back into the original distribution to output the waveform. This allows 

  

Chapter 2 - Voice Coding Page 6



Vector Quantization Applied to Speech Coding In the Wireless Environment 

  

for non-ideal distributions to be transformed into a more efficient repre- 

sentation for encoding. 

5-modulation (DM) is a simplified DPCM with only a one bit quan- 

tizer (two levels) [Jay74]. All this waveform coder needs is to determine if 

the next sample is larger or smaller and adjust the output by one step size 

in either direction. This one bit limit provides a simple coder, but it leads 

to two types of distortion. Slope-overload distortion occurs when the step 

size is too small and the coder cannot adjust the output fast enough to 

track the input. Granular distortion occurs when the step size is too large 

and the 5-modulator output will oscillate around the input level. A solu- 

tion to this problem is to adapt the step size. This leads to the Continu- 

ously Variable Slope DM (CVSDM) [Gre70]. 

Sub-band coding involves filtering the waveform into separate 

bands to allow the more vital bands to be modelled more accurately and 

the less vital bands to be modelled simply [Del93]. Any of the previous 

waveform coders could be applied to each sub-band. The sub-band coder 

is a crossover between time-domain and frequency-domain waveform 

coders. 

Adaptive Transform Coding (ATC) is a frequency-domain waveform 

coder. The input signal is transformed into the frequency domain and 

then encoded [Zel77]. Any number of frequency transformations can be 
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used. The method adapts the bit allocation to the spectral coefficients, so 

that the more important frequency bands are encoded with more bits and 

the less vital bands with fewer bits. 

Vector quantization (VQ) performs simultaneous quantization of 

multiple samples [GeA92]. Its primary benefit is the ability to exploit cor- 

relations between samples. Although VQ can be used in a waveform 

codec, the delay in computation can present a problem. In this thesis, VQ 

is used to quantize parameters within a vocoder. VQ will be discussed in 

more detail in Chapter 3. 

A vocoder (voice coder) uses speech parameters to model the speech 

waveform. These parameters are transmitted instead of the waveform in 

an attempt to reduce the bandwidth of the transmission. For computation 

reasons, speech is generally broken down into short frames of speech over 

which the statistics are assumed stationary. This allows the continuous 

waveforms to be separated into smaller processing frames. The normal 

procedure used for speech coding is analysis-by-synthesis. The analysis 

is the determination of the speech parameters for transmission. The syn- 

thesis is the production of speech from the vocoder parameters. Analysis- 

by-synthesis means that these separated analysis and synthesis steps for 

breaking down the problem of speech coding are used. For low- to 

medium-rate speech coding, vocoders currently are the only option avail- 
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able for good speech quality. 

A variety of algorithms exist for vocoders, but they all share some 

common characteristics. All vocoders contain an excitation source that 

models the lings and larynx, a filter that models the vocal tract, and a 

post-filter to model the radiation of the speech waveform. The more com- 

mon vocoders of today use linear prediction to determine the filter 

coefficients for the vocal tract model. 

2.1. Speech Model 

Speech production can be broken down into three phases: source 

excitation, vocal tract shaping, and radiation effects. The speech filter can 

be modeled by three filters: 

SolZ) = Uexc(Z)HvoclZ)RraalZ) (2.1) 

There are six types of excitation [Del93]. The elementary forms are 

voiced and unvoiced. Voiced sounds are produced by forcing air through 

an opening in the vocal cords. The tension causes the cords to oscillate 

and produce a periodic aspect to the airflow that excites the vocal tract. 

Unvoiced sounds are generated by forcing air through a constriction in the 

vocal tract and generating a turbulent airflow. The additional forms of 

excitation are mixed, plosive, whisper, and silence. Mixed means that the 

sound contains both voiced and unvoiced aspects, such that the sound 
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has a periodic and noisy manner to it. An example is the "Zz" sound in 

zebra. The plosive excitation involves a short period of silence followed 

by a region of voiced, unvoiced, or mixed excitation caused by complete 

constriction and release of some portion of the vocal tract. An example is 

the "b" sound in boot. Whisper is the sound produced by forcing air 

through a partially constricted glottis to excite an otherwise normal 

articulation. Silence is just the absence of sound. 

The model used to represent speech generation for voice coders is 

the terminal-analog model [Del93]. The name implies that the systems of 

the model are analogous at the terminals of the physical system, but only 

superficially elsewhere. Such terminals include the crossover from the 

larynx, which generates the excitation, to the vocal tract, which shapes the 

speech. The speech model is broken down into the voiced excitation mod- 

el, the unvoiced excitation model, the vocal tract model, and the radiation 

model. The voiced excitation is the periodic aspect of speech, which in- 

clude vowel sounds. It involves generating an impulse train, repeating at 

the fundamental frequency of the speaker. This pulse train is fed through 

a glottal pulse filter, G{z), to generate the voiced excitation. The unvoiced 

excitation is used for the generation of "noise-like” sounds, like "sh" and 

"sss" which may be modeled by random noise. The excitation is fed 

through the vocal tract filter, which models the vocal tract, and then the 
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radiation filter, which models the lips. 
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Figure 2.1. Terminal-Analog Model [Del93]. 

The vocal tract is frequently modeled by multiple lossless, acoustic 

tubes [Del93]. The tubes approximate the areas of the different regions of 

the vocal tract that are constantly changing during speech, such as the 

area between the tip of the tongue and the hard palate of the mouth. This 

acoustic tube model leads to the lattice filter representation of linear pre- 

dictive coding. 
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Figure 2.2. Multiple Lossless Acoustic Tube Model 

2.2. Linear Prediction Coefficients 

A great deal of research has been done applying linear prediction 

(LP) to the modeling of the vocal tract for speech coding. When linear 

prediction is used for speech coding, it is generally referred to as linear 

predictive coding (LPC). Linear prediction uses weighted previous samples 

to approximate the current sample. 

Np 

&(n) = > a;s(n — 4) (2.2) 
=I 

This can be viewed as a prediction of the sample. By subtracting the 

prediction from the input sample, a prediction error is produced. The er- 

ror may be minimized to determine the optimal qa; i=1,2,....Np. This 

operation is equivalent to filtering. A(z), the inverse filter of H{z) from Fig- 

ure 2.1, can be represented by 
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N, 

A(z) = ao — So az4 (2.3) 
#=1 

where ag is assumed to be one since the gain is not known. As such, the 

filter is normalized, until the gain can be determined. This filtering oper- 

ation is used in the analysis side, where the speech is converted into 

parameters. 

To regenerate the speech, the filter is inverted and the excitation 

sequence is run through the vocal tract filter to generate an approximate 

speech waveform. The vocal tract is modeled by an all-pole filter with a 

prediction gain, o. 

Co 

4) =F) (2.4) 

In theory, an all-pole model is acceptable since a zero can be repre- 

sented by an infinite number of poles. Unfortunately, an error develops 

due to the limited number of poles. The order of the filter is determined by 

the bandwidth of the speech in question. Enough poles are needed to fully 

represent all of the significant formants. Speech contains regions of em- 

phasis and deemphasis referred to as resonances and anti-resonances. 

The set of resonance frequencies that form the overall spectrum of the 
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speech are called the formants [Del93]. Usually, | a few extra poles are 

added to enhance the approximation. For 4000 Hz bandwidth speech, the 

number of poles, N,=10 is the accepted value. For this case, eight poles 

are used to represent the four significant formants and two poles are re- 

served to help model the fricatives and other "zero”-like sounds. A fricative 

is produced by exciting the vocal tract with a steady airstream that be- 

comes turbulent at some point of constriction. Generally, frame sizes over 

which the LPC coefficients are computed vary from 5 ms to 30 ms. Usu- 

ally, for the larger frame sizes, the LPC coefficients are computed once for 

each frame and then the frames are divided into subframes over which the 

excitation is generated. The LPC coefficients are frequently interpolated 

for each subframe to provide a smooth transition of the spectral charac- 

teristics between adjacent frames. 

The optimal LPC coefficients minimize the squared error between 

the input signal and its prediction. Setting the first derivative of the 

squared error to zero and solving yields 

Np 

Yo ar.(n—-i) =1,(n), 7 =1,-5Np (2.5) 
2=1 

where r,;(n) is the autocorrelation of the speech signal. These equations 

can be written more compactly in vector-matrix notation: 
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R,(n)a(n) = r,(7n), n = 0,..., Np (2.6) 

where R,(n) is the covariance matrix of the speech frame, s, a(n) is the filter 

coefficient vector, and r,(n) is the autocorrelation vector. These equations 

are sometimes called the normal equations. 

2.2.1. Determining the Coefficients 

There are two general methods to solve the normal equations. They 

are the autocorrelation and the covariance methods. The autocorrelation 

method has the advantage of always producing a stable filter. R,{n) is an 

autocorrelation matrix that happens to be Toeplitz (all of the elements 

along any diagonal are equal). However, the covariance method is more 

analogous to the long-term linear prediction problem. The covariance 

method substitutes the symmetric covariance matrix in the place of the 

autocorrelation matrix in the normal equations. Generally, the covariance 

method involves matrix decomposition to solve for the LP coefficients. 

Figure 2.3 illustrates the histogram plots of typical filter coefficients 

for a ten pole (N,=10) filter. The histogram is useful to show the quanti- 

zation sensitivities of the coefficient representation, since the training set 

distribution is used as an approximation of the actual probability distri- 

bution of the data being quantized. Most desired is a narrow, high density 

region, since this will reduce the quantization error. This reduction in 
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error is due to the decrease in distance likely between the source vector 

and the quantized vector. Furthermore, the training algorithm for the 

codebook will be able to place more centroids in the dense regions to pro- 

vide a more accurate representation of the input. 

Aad) 
“ 6 i Q 

1 

    

wn
 

af
. 

    

        
  

  
  

            
      

  

  

  

Ceottclent Cooliiciont 2 

I. | I. | 
% 6 3 $ % 6 ‘ 5 

|. e 2 4 

Coollicient 7 Coolicient 8 

I |: 
20 10) 

% A ° 1 ¥5 0 os   
Figure 2.3: Inverse Filter Coefficient Histogram, Np,=10. 
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2.2.1.1. Levinson-Durbin algorithm 

The Levinson-Durbin algorithm is the most common algorithm for 

solving the autocorrelation method. In 1947, Levinson developed an al- 

gorithm to solve Ax=b when A is Toeplitz, symmetric, and positive definite 

[GeA92]. In 1960, Durbin applied this recursive algorithm to solving the 

autocorrelation method [GeA92]. 

The Levinson-Durbin recursion starts with a filter of order 0. It then 

recursively constructs filters of higher order according to: 

Levinson-Durbin Algorithm: 

Step 0: The mean-squared error, Do is equal to ro, the variance of s(n). 

Step 1: Initialize ag” =] and Do = ro, m=0. 

Step 2: Compute the error residual, B, given the m filter coefficients and 
the autocorrelation sequence. 

Bm = So af rmii—k (2.7) 

k=0 

Step 3: Compute the (m+1 }™ reflection coefficient. 

knw =— 2 (2.8) 

Step 4: Set ao’? =0. 

Step 5: Determine filter coefficients, ai), 
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af) = af) + kya), k=1,..,.m+]1 (2.9) 

Step 6: Calculate new mean-squared error, D1. 

Dmui = (1 — Kati) Dm (2.10) 

Step 7: m=m+1. If m=Np, quit. 

Variants of this algorithm are used to convert between LPC filter 

coefficients and reflection coefficients, as described in section 2.2.2. 

2.2.1.2. FLAT algorithm 

The FLAT algorithm was developed by Ira Gerson and is used in the 

NADC 8kbps VSELP speech coder [EIA9O]. FLAT is an efficient Fixed- 

point covariance LATtice algorithm. For VSELP sampled at 8 kHz, analy- 

sis is performed on segments of 170 samples, which is slightly more than 

one frame (160 samples for 20 ms frames) due to the overlap required of 

the covariance method. Since the VSELP algorithm divides the frame into 

four 5 ms subframes over which the excitation parameters are computed, 

the LPC coefficients are interpolated between frames for each subframe to 

provide a smooth spectral transition between frames. The analysis is 

centered about the midpoint of the fourth subframe, which is pertinent 

when interpolating the LPC coefficients for the subframes. 

Define fj(n) to be the forward residual out of stage j of the inverse 

lattice filter and b,(n) to be the backward residual out of stage j of the filter. 
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We can then define the autocorrelation of j(n) as: 

Na~l 

F;(i,k) = D0 fj(n—4)fj(n — k) (2.11) 
n=N, 

and the autocorrelation of b,(n-1) as: 

N,-1 

B;(i,k) = >> bj(n —1)b,(n — k) (2.12) 
n=N, 

and the cross-correlation between fj(n) and b,(n-1) as: 

Nal 

Ci(i,k) = D> f,(n — i)bj(n — k) (2.13) 
n= WN, 

Letting kj represent the reflection coefficient for stage j provides the fol- 

lowing recursive correlation equations used to solve the normal equations: 

F; (i,k) = Fy_1 (i, k) + kj[Cj_1 (i, &) + Cha (ky d)] + R2Bj-1 (4, b) (2.14) 

B;(i — 1, k — 1) = Fy-1 (6, k) + ki[Cj-a (@, &) + Cha (ky )] + BFFi-1 GF) (2.15) 

C; (i,k — 1) = Cj_1 (4, k) + kj[Cj_1 (3, &) + Cj_-1(k, i)] + B2Cj_1 (k, 3) (2.16) 

C;(i — 1, k) = Cy_1(k, i) + kj[Cj_-1 (4, &) + Cj_-1(, d)] + 2Cj_-1 (3, &) (2.17) 

kj =—2 C51 (0, 0) + C3_1 (Np — 3, Np — 5) (2.18) 
  

F;_, (0,0) + B;_, (0,0) + F_1 (Np — 9, Np — 9) + By_i(Np — 9, Np — 3) 
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FLAT Algorithm: 

Step 1: Compute the bandwidth-expanded covariance matrix: 

Nal 

$(i, k) = w(t — el) > s(n —i)s(n—k), O<i,k<N, (2.19) 
n=N, 

Step 2: Initialize the correlations Fo(i,k), Boft,k), and Co(t,k): 

Fo (i, k) = $(i, k), 0<i,k < Ny, (2.20) 
Bo(i, k) = $4 +1,k +1), 0<i,k < Np, (2.21) 
Co(i, k) = o(4,k +2), 0<ik< Mp, (2.22) 

step 3: Set j= 1. 

Step 4: Compute the reflection coefficient, k, as per equation 2.18. 

Step 5: Quantize the reflection coefficient, ky. 

Step 6: If j= Np, quit. 

Step 7: Compute the stage j correlations as per equations 2.14-2.17. 

Step 8: Increment j by 1 and go to Step 4. 

Bandwidth expansion is performed on the covariance matrix to 

spectrally smooth the waveform and reduce sharp spectral peaks in the 

envelope. This will reduce quantization error since being only slightly off 

of a sharp peak will place the approximated vector relatively far from the 

true vector, while a smoothed spectral envelope will allow better 

quantization. Effectively, the spectral dynamic range is reduced by in- 

creasing the pole bandwidths [Toh78]. Windowing with a binomial window 
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is one technique recommended for bandwidth expansion [Toh78]. 

2.2.2. Reflection Coefficients 

By-products of the Levinson recursion and the FLAT recursion are 

the reflection coefficients (sometimes referred to as partial correlation co- 

efficients, (PARCOR)), kj. These parameters represent the amount of wave 

reflection at the interface of two connecting acoustic tubes. The reflection 

coefficients provide some convenient properties over filter coefficients. For 

filter stability, the magnitude of the reflection coefficients is bounded by 

one. This property can help reduce quantization errors due to the reduced 

range of quantization and allows a simple stability check. 

The following procedure [GeA92] may be used to convert from LPC 

coefficients to reflection coefficients: 

Let kn, =a Ne) 

Form = N, —1,...,1: 

fori =0,...,m: 

(m) _ at) — kn api; (2.23) 

wT Raa 
Kim = al) 

Conversion from reflection coefficients to LPC coefficients may be accom- 

plished by the following procedure [GeA92]: 
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Let af? = 1. 

Form = 1,...,Np: 

ay”) = 1 
al™ 1= 0 

fort =1,...,m: 

al™ = al™) + kale) (2.24) 

Figure 2.4 shows typical histogram plots of reflection coefficients for a 10 

pole filter with speech bandlimited to 4 kHz. Note that in all cases, the 

magnitude is bounded by 1, even if some coefficients are densely distrib- 

uted near the boundary. This dense distribution near a point of instability 

leads one to consider transformations to more uniformly distribute the 

coefficients as will be described in the next two sections. 
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Figure 2.4: Reflection Coefficient Histogram, Np=10. 

2.2.3. Log-Area Ratios 

Reflection coefficients can present a problem if the values are close 

to +1. If the magnitude exceeds one, the filter becomes unstable. There- 

fore, the reflection coefficients can be transformed to provide more 
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resolution near the unit circle and less towards zero. Log-Area Ratios 

(LAR’s) provide a transformation of the reflection coefficients to increase 

the quantization resolution near +1. 

1+km — -1 2.25 l—k, tanh “k,, (2.25)   Im = x log 

b
o
]
 

This transformation was derived to approximate the optimal coefficient set 

for quantization [Vis75]. According to [GrA76b], LAR quantization re- 

quires fewer bits for the first few and last few coefficients. 

Figure 2.5 illustrates a typical set of histograms for LAR-transformed 

reflections coefficients for a ten pole LPC filter with speech bandlimited to 

4 kHz. This representation no longer has large distributions near insta- 

bility points. However, some of the coefficients have larger variances, 

which is not desirable from a quantization viewpoint. 
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Figure 2.5: Log-Area Ratio Histogram, Np=10. 

2.2.4. Arcsine Reflection Coefficients 

The arcsine function also provides a convenient reflection coefficient 

transformation. 
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Im = = sin”! Kun (2.26) 

For scalar quantization, the bit allocation for each parameter is limited to 

an integer value. Vector quantization allows fractional bit assignments. 

According to A. Gray and Markel [GrA76b], arcsine reflection coefficients 

require fractionally fewer bits to represent the LPC parameters. This 

means that the arcsine transformation should perform marginally better 

than LAR with vector quantization. While Gray and Markel’s simulation 

results have been inconclusive [GrA76b], the results of this work rein- 

forces that ASR perform better than LAR, as shown in Chapter 5. 

Motorola’s Half-Rate GSM VSELP [GeI93] vocoder uses vector quantized 

arcsine reflection coefficients. 

Figure 2.6 shows representative histograms for arcsine reflection 

coefficients for a ten pole LPC filter for speech sampled at 8 kHz. Note that 

the variances of the distributions are reduced from the LAR distributions 

in Figure 2.5. 

  

Chapter 2 - Voice Coding Page 26



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

  

    
    

        

    

      1     
¥5 ° 05 ‘5 0 05 

Cnalirian ft Creltirient 18 

Figure 2.6: ArcSine Reflection Coefficient Histogram, Np=10. 

2.2.5. Line Spectrum Pairs 

The Line Spectrum Pair (LSP) was introduced by Itakura [Ita75] asa 

tool for LPC spectral representation. Soong and Juang [Soo084] then ap- 
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plied this idea to speech coding and developed an efficient encoding 

scheme. 

Unlike the LPC filter coefficients, LSP parameters have well-behaved 

dynamic range and filter stability properties. The LSP representation con- 

sists of an artificial situation. It can be viewed as the acoustic tube model 

constrained open or closed at the (p+1 fp stage. Fora p® order inverse 

filter, AZ), we can extend the order to p+1 without adding any new infor- 

mation by adding (pt1 }™ reflection coefficients of +1 or -1, respectively, to 

generate a symmetric polynomial, P(z), and an anti-symmetric polynomial, 

QO), 
P(z) = A(z) +2784, (271), kp = 1 (2.27) 

Q(z) = A,p(z) — 2PM A(z), kot =- 1 (2.28) 

To regenerate the original inverse filter, 

1 
Ap(z) = 5[P(2) + Q(2)] (2.29) 

The LSP has many desirable properties: (1) all zeros of LSP polyno- 

mials lie on the unit circle, (2) the zeros of the symmetric and anti- 

symmetric LSP polynomials are interlaced around the unit circle, and (3) 

the reconstructed LPC filter maintains its minimum phase property, so 

long as the first two LSP properties are maintained during quantization. A 
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complete proof of these properties is presented in [Soo84]. 

Since all of the zeros are on the unit circle, the zeros of Pfz) and Q(z) 

can be represented by complex exponentials, e)°, The w’s are referred to as 

LSP frequencies and are the parameters which are transmitted. 

Figure 2.7 illustrates the typical histograms for the differential LSP 

representation of the tenth order LPC filter for 4 kHz bandlimited speech. 

Differential LSP (DLSP) implies that the difference between successive fre- 

quencies is quantized instead of the actual frequency. The first frequency 

is quantized normally with all other coefficients differentially encoded. 

Note that some of the DLSP distributions have smaller variances as evi- 

denced by narrower distribution histograms. The lower coefficients 

appear to have the reduced variance as compared to the reflection 

coefficient-based representations. These coefficients model the lower har- 

monics which are more perceptually significant, implying that DLSP 

allows better quantization of the more important coefficients. 
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Figure 2.7: Differential LSP Histogram, N, = 10. 
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The dissection method [So084] is used to compute LSP frequencies 

from filter coefficients. The polynomials, Pfz) and Q(z), can be expanded 

using pRatan i] and q=arAnj+1, =1,...,1 
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P,(z) =14+p,(2' +27") +...4 p(24 + zt) +274) (2.30) 

Qn(z) =1+q(21-2%) +..4 (24 _ 2G) _y-(ntl) (2.3) 

Since the zeros of P{z) and Q(z) are all on the unit circle, finding the line 

spectrum frequencies is the same as finding the angle of the zeros on the 

unit circle in the z-plane. Due to the symmetry of the polynomials, only 

the zeros from O to x need to be determined. 

  Ph) = Pa(2) lnea= 26-700 ("F Fu) + 7, 008( (*F*—1)w) 

  

(2.32) 

+ 1 + py 0085] 

_ ogo ifr: n+1 . n+l 
Qn(w) = Qn(Z) | -ew= 2je 7? [sn 9 wv) +arsin( ( ara hes (2.33) 

_ w 

Effectively, the dissection method involves iteratively computing values for 

the sinusoidal sequences of P’(o) and Q’() and determining the zero cross- 

ings around the unit circle. Computationally, start with o=0 and a given 

step size. The step size is used to generate an upper limit from the lower 

limit to determine a partition interval. Compute the sinusoidal portion of 

P’(m) at the upper and lower limits of the partition. If the sign changes 

between the lower and upper limits, then a zero is located within the 
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interval. Compute the value at the midpoint of the interval and compare 

the sign with the lower limit. If the sign changes between the midpoint 

and the lower limit, then the zero is located within this partition. If not, 

the zero is between the midpoint and the upper interval. This subpartition 

iteration is repeated until a given error tolerance is achieved. If the zero is 

not within the lower and upper limits, the algorithm proceeds to the next 

partition by assigning the upper limit to the lower limit and computing a 

new upper limit one step-size away. This is repeated until all n/2 zeros of 

P’(m) are found. The zeros of Q’(@) are computed, using the zeros of P’(a) 

as the partition limits, since the zeros of Q’(@) are interleaved with the 

zeros Of P’(m). This is repeated until all the zeros of Q’(o) are found. 

To convert the LSP representation into filter coefficients, the impulse 

response of A(z) is generated by A(z) = 1/2/P(z) + Q(2)]. Lzam(z) is the line 

spectrum filter used to regenerate the LPC filter coefficients. For the P(z) 

filter, the m 2" order filters of the denominator of Lon(z) are excited by 

{1,1,0,...0}. For the Q@) filter, the m 2" order filters of the numerator of 

Lop (2) are excited by {1,-1,0,...,0}. The outputs of the cascaded filters are 

summed and then divided by two to get the impulse response of the in- 

verse filter, A(z). 
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(1 — 2-1) [[ (1 — 22-120; + 2-?) 

(1+ 271) [] (1 — 22z-1!x9;_, + z-?) 
i=l 

  

2.2.6. Immittance Spectrum Pairs _ 

Immittance Spectrum Pairs (ISP) provide an alternate representa- 

tion to the LSP [Bis93]. ISP maintains the desirable properties of LSP, yet 

it provides a slightly different interpretation. An ISP filter of order n con- 

sists of a gain and n-1 frequency parameters, instead of the n frequency 

parameters for LSP. 

The LPC filter 1/Ap{z) can be realized by a cascade of p lattice sec- 

tions that implement the following Levinson recursions for n = 1,...,p: 

An(z) = An—1(2) — nz *V Ana (2) (2.35) 

ZA (27?) = kp Analz) +2 OVA, (272) 9 

It is possible to represent the forward and backward scattering variables 

by their sums and differences, called "immittance" variables: 

Fi, (z) = A,(z) + 27 An(z7) (2.37) 

Gr(z) = An(z) — z7"An(27") (2.38) 
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As with the LSP, Ffz) and Gf) are the polynomials to be manipulated with 

the immittance filter, 

Ap(z) — 2-*A(z7") 
  In(z) = (2.39) 

p(2) A,(z) + 2 A(z—1) 

To solve for the ISP’s, this filter can be represented by 

m—1 

K(1—z7-?) [] (1 — 2z7129; + z-?) 
Tom (Zz) = —=—=! (2.40) 
  

(a — 2z-1x,_ 3 + 27%) 

_ . kK-1 
Ww; = COs (vi), i= 1,...,p—15 = Ka 

where 2m=p is the order of the immittance filter. The gain of the ISP, K, 

can easily be computed from the last filter coefficient, ap, or the channel 

symbol representation, k,, which is the sign inverse of the last filter 

coefficient. 

~ II : = - am
 

I (2.41) 

+ £ 1 z 

The ISP frequencies are generated in the same fashion as the LSP 

frequencies. Due to the nature of the ISP; however, the formulas are 

slightly altered. 
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F,(z) = (V+ 2") +f, (2 + zr) +... + fy (2274) (2.42) 

G,(z) = (1-2) +H ( oo zm) ++ Gey (oe) _ 24) (2.43) 

F,(w) = Fy (z) |,--0= 26” [cos (=u) +f; cos( (= — 1)w) +...4 | (2.44) 

Grw) = Ga(z) |,oee= 267? [sin(=w) +9, sin( (+ _ 1)w) $+ Op sinw] (2.45) 

These equations replace equations 2.32 and 2.32 in the dissection 

method. Equation 2.43 illustrates that ISP have one less frequency pa- 

rameter to generate. 

Figure 2.8 shows a representative ISP LPC histogram plot for a tenth 

order LPC filter applied to 4 kHz bandlimited speech. Note that the ISP 

frequency coefficients are differentially encoded. The ISP frequencies ap- 

pear to have slightly higher peaks than the LSP case in Figure 2.7 implying 

that they have a slightly reduced variance. This is especially noticed for 

the frequencies four and five, although frequency eight appears better for 

LSP. 
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Figure 2.8: Differential ISP Histogram, N,=10 
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2.3. Excitation 

The excitation sequence is the series of pulses sent through the vo- 

cal tract filter to generate speech. This sequence models the excitation 

produced by air being forced through the vocal cords in the larynx. As 

such, most speech is dominated by either periodic excitation when the 

vocal cords are opening and closing, or white noise for sounds like "sh" 

when the vocal cords do not fully close. Excitation sequences are usually 

generated from either a long term predictor, some sort of noise-based co- 

debook, or some combination of the two. 

Some very-low-rate speech coders will randomly generate the exci- 

tation in order to save bandwidth by not transmitting excitation 

information. Unfortunately, such vocoders tend to lose speaker identity 

information. 

2.3.1. Long Term Predictor 

The long term predictor is an adaptive filter that generates the exci- 

tation sequence from the previous frame. This predictor generates 

‘periodic excitation. In the closed loop approach, the lag is determined only 

from past excitation output and the current input frame. The predictor 

will repeat the selected sequence from the lag to the end of the frame until 
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an entire subframe of excitation is extracted. Frequently, a gain term is 

used to control the energy contained within the excitation sequence. This 

filter can be represented by: 

M 
P(z) =1-e D> gz 7, O<e,<1 (246 

i=—M 

where €, specifies the amount of harmonic noise weighting, Tis the pitch 

period, and the c/s are the coefficients to the multitap pitch predictor. 

To generate the pitch period, T, the range of lags is searched, and 

the lag with the greatest prediction gain is chosen. The function to be 

maximized in the open-loop case is: 

_Co(k)_ (2.47) 
/ Gok) 

where for the open-loop case, the correlations, Co{k) and Go(k) can be rep- 

resented by: 
N;-1 

Co(k) = > w(n)w(n—k), for k = Lmin,---) Lmaz (2.48) 
n=0 

Ny~1 

Go(k) = }> w(n—k), for k = Lining +; Limaz (2.49) 
n=0 

given w(n) is the spectrally weighted input speech. 

For the closed-loop case, the function to be maximized is: 
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Cy 
JG (2.50) 
  

with C, and G, are computed from the adaptive long-term filter state co- 

debook, based on the previous frame: 

Ny-1 

CL = > br (n)w(n), for k = Lyin, .--, Lmaz (2.51) 
n=0 

Ny-1 

G, = d, (br (n)) 
2 

) for k= nin, seey Lnax (2.52) 

with b’,fn) is the long term filter codebook state (previous excitation se- 

quences) filtered by the weighted synthesis filter, H(z). 

2.3.1.1. Fractional lag resolution 

To realize better performance from the lag predictor, higher order 

filters (M>0) have been used. To reduce transmission bandwidth, it has 

been determined that fractional resolution for the lag determination can 

be equivalent to higher order lag filters, thereby reducing the number of 

bits required to represent the pitch. In other words 

Ty=T+n/D (2.53) 

where T; is the fractional pitch period, T; is the integer portion, D is the 

subsample resolution, and nis the subsample delay, implying a fractional 
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delay of n/D. Gerson and Jasiuk [GeI92] determined that 1/6 sample 

resolution is equivalent to a M=3 order lag filter. 

The fractional lag is calculated by up-sampling the prediction sam- 

ples by D, the denominator of the resolution fraction. The sequence is 

then delayed by n, the numerator of the fractional delay, and then down- 

sampled to the original sample rate. This operation institutes a fractional 

delay. A Hamming windowed sampling function has been recommended 

for the low-pass filter needed for the sample-rate conversion [Kro90]. 

Computation can be saved since only one low-pass filtering opera- 

tion need be performed for the fractional delay. Since up-sampling is 

accomplished by adding (D-1) null values between original sample values 

and then low-pass filtering to achieve the higher rate, the nulls can help 

reduce the computational complexity of the fractional delay operation. 

Effectively, all that is needed is to generate the coefficients of a large low- 

pass filter, and only save samples at the sample rate, delayed by n, and 

spaced by D. For example, a 36-tap FIR filter with a fractional delay of 2/6 

can be sampled at every sixth coefficient, starting with an offset of 2. 

The drawback of fractional lags is that they generally require addi- 

tional bits to transmit the increased resolution information. However, 

work has been done to alleviate this problem [GeI92]. 

One method of trying to reduce the data rate needed by the pitch 
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predictor is to delta-encode the sub-frame lags. Since speech is slowly- 

varying, adjacent sub-frames contain pitch periods that are usually 

nearby. Occasionally, second- and third-order harmonics dominate and 

the period can increase or decrease drastically. In an effort to combat this 

problem, sub-optimal prediction gain peaks can be chosen that are within 

the delta-coding range. Usually, the shortest pitch period within a thresh- 

old of the peak is chosen for transmission. This will cause some degra- 

dation of the speech, but it can be acceptable considering the data rate 

savings gained by delta-encoding the lags. Performance can be improved 

if frame lag trajectory is used. This involves storing the top few prediction 

gains from each subframe, and trying to determine the optimal lags con- 

sidering the entire frame. Gerson and Jasiuk [GeI92] noted a strong 

perceptual improvement due to frame lag trajectory. 

2.3.2. Excitation Codebooks 

Vector codebooks are also used to generate the excitation sequence. 

Some coders like CELP just use a codebook for the excitation. Others, like 

VSELP, use both a long-term predictor and excitation codebooks. If the 

codebook is the only excitation, then it must contain both the periodic and 

noisy sequences. If the codebooks are complementing a long term pre- 

dictor, then the codebooks contain noise sequences to flesh out speech 

and make it sound more natural. One common method is to generate 
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random Gaussian noise for the codebook. Other methods include using 

orthogonalized basis vectors and using a random walk method, that be- 

gins with a start entry and which is offset randomly with a Gaussian 

distribution. These codebooks are necessary for high quality speech to 

accurately model the excitation sequence. Frequently, a shape-gain vector 

quantizer (see Section 3.4.3), is used to quantize the noise, allowing for a 

variety of gain levels in the excitation. 

2.4. Distance Measures 

The choice of distance measures can drastically affect the perfor- 

mance of a linear predictive coder. Paliwal and Atal [Pal93] reported a 2 

bit per frame reduction due to a specific distance measure modification. 

Evidence seems to indicate that the spectral measures illustrate a closer 

correlation with subjective speech quality [GrA76a]. 

2.4.1. Mean-Squared Error (MSE) 

The simplest error measure is to compute the energy of the error 

signal 
Ny-1 1 J 

d(s,8) => Do (s(n) — a(n)" (2.54) 
f n=0 

This is referred to as mean-squared error because it is the average of the 

square of the error of the quantized vector. If you take the square root of 
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the above quantity, you get the RMS error. While this measure is simple, 

it does not provide good correlation with subjective speech quality. 

2.4.2. Weighted MSE 

In an effort to improve the mean-squared error estimate, a variety of 

weightings have been suggested to improve the performance of the 

vocoder. No specific weighting has achieved universal acceptance as the 

optimal solution. Paliwal and Atal [Pal93] suggest using the power spec- 

trum to adjust the weighting. Frequently, the lower-index LPC coefficients 

within the vector are weighted more heavily since they tend to be more 

perceptually significant. The first four coefficients correspond to the first 

and second formants and are more perceptually significant. The weighted 

mean-squared error (WMSE) can be represented by: 

yaa ; 
d(x, X) = (x— %) W(x — x) = kD w; (x; — £5) (2.55) 

2.4.3. Likelihood Ratio 

The likelihood ratio measure compares the residual energy of two 

sets of filter coefficients. This measure is also referred to as the Itakura 

distance. Note that this measure is not a true metric, since it is not sym- 

metric (d;(a,b) # dj(b,a)). 

aR(x)a (2.56) 
d,(a, a) = log atR(x)a 
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This measure is most commonly used in linear predictive coding due to its 

correlation with subjective speech performance. If desired, symmetry can 

be forced by using d(a,b) = 1/2[d;(a,b) + dj(b,a)} [Gra80]. 

2.4.4. Modified Itakura-Saito 

The Itakura-Saito measure appears to be the favored measure used 

when computing the LPC filter parameters. This distance measure pro- 

vides a spectral distance in that it provides a measure of the amount of 

energy in the error residual signal. The advantage of this measure is that 

identification and quantization of the filter coefficients can be accom- 

plished in one step. 

t 

atR(x)a | a(x) | (2.57) drs(x, x) = oO a 

This measure is usually simplified to reduce computational complexity, 

since a relative measure is all that is necessary when trying to determine 

the optimal filter parameters. Only the parameters that are affected by the 

filter coefficients need be computed. 
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drs = < + Ino? (2.58) 
CO 

Np 

a = r,(0)r.(0) + 2) rz(n)ra(n) (2.59) 

where o” is the prediction gain of equation (2.4) and r,{n) and ra(n) are the 

autocorrelations of x and the filter coefficients. 

Np-n 

ra(n) = > QrQkin forn=0,1,...,N, (2.60) 

k=0 

Ny-1-n 

Tz(n) = > z(k)x(k+n) forn=0,1,...,Np < Ny (2.61) 
k=0 

The gain determination can be separated from the filter coefficient 

determination. Buzo et al. [Buz80] determined that this distortion mea- 

sure can be broken up into a separate gain and coefficient measures, 

allowing for a shape-gain quantization (See Section 3.4.3). The first step 

involves minimizing the error residual energy. This determines the best 

filter coefficients. Given the error residual energy, compute the prediction 

gain by scalar quantization comparing the error residual energy, a, with 

thresholds to determine the best prediction gain for the inverse filter. This 

approach is discussed in more detail in Section 3.3.2. 
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2.4.5. Signal-to-Noise Ratio 

Signal-to-Noise Ratio (SNR) is sometimes used to compare perfor- 

mance between different methods of LPC due to its simplistic 

representation. There is an inverse relationship between SNR and MSE. 

d/ 8?(n) 
SNR = 10logig>——"___;, (2.62) 

Xls(n) — a(n] 

2.4.6. Segmental SNR 

Strict SNR is not necessarily a good judge of quality, since it is not 

well related to any aspect of the subjective quality of speech. Since SNR 

can vary drastically on a frame-by-frame basis, segmental SNR is used 

since it averages SNR over each frame, 

my En )) 1 M-1 

SNRse =— 10 logio 

" M x, ae Yls(n) — a(n)]° 

  

(2.63) 

where m, are the end-times for the M frames, each of length Ny. This keeps 

accurate high energy frames from drowning out noise contained in low 

energy frames and provides a better measure of how much noise the sys- 

tem is experiencing. 
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2.5. Channel Coding 

While it is commonly assumed that source coding and channel cod- 

ing can be performed separately [Cov91], this is not true for practical lossy 

speech coding algorithms. Certain parameters are more perceptually sig- 

nificant than others. This leads to varying levels of error protection to 

prevent errors from corrupting the output waveform. Frequently, the most 

vital information will be encoded with an error detection code. If the error 

flag is triggered, the frame is discarded and the parameters from the pre- 

vious frame are used. The error detection bits and the other important 

bits are then passed through some error correction coder. After this, in- 

terleaving is usually performed to reduce the effects of burst errors by 

spreading the errors more evenly, in effect randomizing the errors seen by 

the channel decoder. 

2.6. North American Digital Cellular 8kbps VSELP 

The North American Digital Cellular (NADC) Vector-Sum Excited 

Linear Prediction (VSELP) algorithm [EIA90] was developed at Motorola, 

Inc. by Ira Gerson and Mark Jasiuk, [GeI88]. VSELP utilizes a m=10 order 

linear prediction filter with scalar quantized reflection coefficients. The 

mean-squared error distance measure is used to determine the optimal 

parameters. The frame length is 20ms and the subframe length is 5ms. 
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The long term predictor is an adaptive filter that uses speech from the 

previous frame to generate the periodic excitation of the vocal tract filter. 

The VSELP algorithm contains two 7-bit excitation codebooks that are 

searched in a computationally efficient manner to complete the excitation 

sequence. The LTP and the excitation codebooks all have gains that are 

also combined and vector quantized. The excitation sequence is generated 

for each subframe with the LPC coefficients interpolated between frames. 

  

Table 2.1. Bit Allocation for NADC 8kbps VSELP 

Reflection Coefficients | 38 bits 
  

  

  

  

  

  

  

  

  

  

    r10 

Frame Energy - RO | 

Subframe | 

Lag 
Codebook 1 

Codebook 2 

GS-P0 (Gains) 

  

  

x29=116 | 
  

  

  

  

® 

Ol
 N
I
N
]
 

SN
] 

il
 o

nl
] 
ro

] 
co

] 
ol

 
wl

 
ol

] 
al
 
al

 
ol
 
a
l
o
 

        | Total 159 bits 
          

  

Chapter 2 - Voice Coding Page 48



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

The IS-54 standard employs 8000 bits per second for speech coding 

and 5000 bits per second for channel coding. Of the 159 bits generated 

per frame, 12 perceptually significant bits are used to generate a 7 bit 

Cyclic Redundancy Check (CRC). The CRC and 81 other bits are passed 

through a rate 1/2, constraint length 6, convolutional code. The encoded 

bits and the uncoded bits are then interleaved. Furthermore, half of the 

bits are frame-wise interleaved with the next time-slot for this user. This 

provides a level of error-resistance to the VSELP algorithm, since error 

rates of 1% only produce slight distortion. 

2.7. Summary 

In this chapter we have discussed the basic concepts of vocoder 

design, and outlined several variations. In the next chapter, we examine 

the vector quantization of speech parameters in more detail. 
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3. VECTOR QUANTIZATION 

Vector quantization (VQ) is the method by which a real-valued vec- 

tor is mapped into a binary sequence suitable for storage and communi- 

cation over a digital channel. A vector quantizer is the system by which 

this is accomplished. Vector quantizers are useful in that they exploit 

correlation between samples to reduce the size of the digital representa- 

tion of the vector sequence. 

This property makes vector quantization vital to medium and low- 

rate speech coding. Due to the large amount of redundancies in the 

speech waveform, vector quantization can be used to drastically reduce 

the bit rate needed to transmit a speech signal. As discussed in Chapter 

2, a vector quantizer can, in theory, be used as a waveform coder; however, 

this is not generally used due to computation reasons. Vector quantiza- 

tion is instead used to encode vocoder parameters. 

3.1. Definition 

A k-dimensional vector quantizer consists of an encoder and a 

decoder. The encoder assigns each input vector, x = {xo, X1, Xo, ..., Xk}, to 

some channel symbol, U in some channel symbol set M. The decoder as- 

signs each channel symbol, V, to some output vector sequence x in the 

reproduction alphabet A. Usually, the channel symbol set, M, is assumed 
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to be the set of all 2® binary vectors, when x is an R-dimensional binary 

word [Gra84]. 

The rate of the quantizer is R=loggM, assuming the channel symbol 

set, M, contains Melements. Ris measured in bits per vector. Another 

quantity used is bits per input symbol and it is calculated by r = R/k, 

where R is the rate of the quantizer and k is the dimension of the vector 

quantizer. 

The mapping used by the encoder to determine the channel symbol 

from the input vector is called the codebook, C. The decoder contains a 

similar mapping that just uses a table lookup to determine the output 

vector approximation of the input. The encoder operates by comparing the 

input vector, x, with each entry in the codebook, C. The codebook entry 

with the minimum cost determined by some distortion function, d(x, x) is 

chosen and the table provides the channel symbol U; for this entry. 

A Voronoi or nearest neighbor vector quantizer uses only its code- 

book and distortion measure to partition the input data into its mapping. 

This is an optimal encoder since the partitioning is determined by 

R; = {x: d(x, y;) < d(x, y;), V7 E TJ} (3.1) 

This partitions the vector space into quantization regions, each defined by 
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all vectors closest to some centroid. 

The advantage vector quantizers have over scalar quantizers is that 

the vector quantizer can take advantage of correlation between vector 

samples. This provides the vector quantizer with a "coding” gain since the 

partitioning of the vector space can better match the location of the input 

vectors and reduce the distance between the sample set and the centroids 

of the partition. Even for uncorrelated data, the vector quantizer can bet- 

ter fill the space to minimize the distance between centroids, (e.g. 

hexagonal partitioning vs. rectangular (scalar) partitioning). This is re- 

ferred to as a "shaping" gain, and is illustrated in Figure 3.1. 

  

Figure 3.1: Vector quantization partitions better than scalar quantization 

Searching all entries in the codebook is referred to as Full-Search 

VQ. Due to the large vector and codebook sizes used in speech coding, the 

size and complexity of a full-search VQ can be quite prohibitive for use in 

commercial telephone service. As such, suboptimal search methods have 

been developed that allow quicker and less computationally intensive 
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encoding. These methods are discussed in Section 3.4. 

3.2. Vector Quantizer Design 

The most common method for designing a codebook when the prob- 

abilities of the input are not known is the Generalized Lloyd Algorithm 

[Lin80, GeA92]. This algorithm uses the relative occurrences of the input 

vectors to determine an approximation of the probabilities of the input 

vectors. This algorithm iteratively improves the codebook since each step 

either improves or leaves unchanged the distortion. The algorithm may be 

described as follows: 

Generalized Lloyd Algorithm 

Step 1. Start with an initial codebook, C;. Seti= 1. 

Step 2. Based on this codebook, determine the partition of the training 
data by allocating each input vector to the codebook vector that 
minimizes distortion. 

Step 3. Compute the centroids of all of the regions by averaging all of the 
vectors in each partition region. This will generate codebook, C;,;. 

Step 4. Compute the average distortion for Cj,). If the percentage change 
in distortion is below some threshold, stop. Otherwise, go to Step 
2 and repeat until done. 

3.2.1. Codebook Initialization 

There are many different methods used to initialize the codebook for 

the Generalized Lloyd Algorithm. Common examples are random, product 

  

Chapter 3 - Vector Quantization Page 53



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

codes, and splitting [GeA92]. 

A random codebook initialization is achieved by taking 2" training 

vectors at random as the initial codebook. This provides a quick and sim- 

ple initialization. However, this method can affect the execution time by 

possibly providing a poor initialization that requires many iterations to 

correct. 

A product code k-dimensional VQ codebook initialization is com- 

prised of k scalar quantizers of size 2%. This initialization starts with k 

scalar quantizers; one for each vector element {x;, i=1,....k}. The scalar 

codebooks are then merged to form a vector codebook of size 2™*. For 

simplicity, the same scalar quantizer is usually replicated k times. Un- 

fortunately, this generates a "box" partition that can lead to many empty 

initial partitions that will need some sort of special handling and will cer- 

tainly slow the convergence of the codebook generation. 

The splitting algorithm developed by Linde, et al [Lin80] provides a 

much more practical initialization. This method creates a large codebook 

from a small codebook like the product code method. However, the split- 

ting algorithm does not generate empty partitions, since it uses the 

training data to devise its codebook. The method starts by computing the 

centroid of all of the training data. The centroid is copied and perturbed 

slightly, by some multiplicative factor near unity, to provide two centroids 
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near each other. The data is then partitioned to the closest centroid and 

new centroids are computed based on the new partition. This is repeated 

with all centroids until the desired size of the codebook is reached. 

3.3. Distortion 

The vector quantizer determines the closest centroid for mapping 

the input vector to a channel symbol by minimizing some distortion 

measure. A great deal of research has gone into finding a meaningful 

distortion measure for speech coding [GrA76a, Gra80, Pal93]. Little suc- 

cess has been achieved in finding a good objective measure that also 

provides a good subjective correlation. If d(x;, x; ) is some distortion mea- 

sure between an input vector x; and output vector X;, then the average 

distortion, D, is defined by 
n—-1 es | _ 

3.3.1. Mean-Squared Error 

Mean-Squared Error (MSE) is the most common distortion measure 

used. This is a measure of the energy of the difference between the actual 

vector and its quantized representation. Weightings are commonly used 

in an attempt to better match perceptual performance to the distortion 

measure. 
k-1 

d(x,%) = (x —%)'W(x —%) = oy w(t 2) 63) 
* i=0 

  

Chapter 3 - Vector Quantization Page 55



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

3.3.2. Itakura-Saito Distortion 

The modified Itakura-Saito distortion measure, dj(x,X), is also 

commonly used for quantizing LPC vectors [GrA76a]. 

drs5(x, x) = ante —In O(a) _ 1 (3.4) 
a 

where a is the LPC coefficient vector and a is the prediction gain of the 

vocal tract filter. Instead of using the full distortion measure, only the 

terms that change with different LPC vectors are computed and the terms 

that only depend on the speech frame are ignored. Furthermore, the gain 

and filter coefficient quantization are separated as described in Section 

2.4.4. When updating the centroid, the autocorrelation matrices are av- 

eraged instead of the vectors. In other words, the autocorrelations 

matrices determine the centroid instead of the LPC coefficient vector. The 

vector centroid is then found from the autocorrelation matrix by comput- 

ing the Levinson-Durbin recursion to determine the coefficients. 

3.3.3. Log Spectral Distance 

The log spectral distance, SD, is used as a common method of per- 

formance comparison between quantizers. Transparent quantization is 

assumed at an average spectral distance of 1.0 dB. Atal et al. [Ata89] 

determined that too many outliers can also have a detrimental effect on 
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speech quality. Accordingly, 2% outliers between 2-4dB and no outliers > 

4dB are needed for truly transparent quantization. 

  

x 2 

3.5 

m S(w) 
0 

According to Gray and Markel [Gra76], this can be approximated by: 

SD = 2(o- 1) (3.6) 

where a is the minimum error residual and 8 is the quantized error 

residual. A factor of 10/In10 will convert equation (3.6) to decibels. 

A more accurate solution is to use an FFT to generate the power 

spectrum of the LPC coefficients. 

  

  

2 

1 ml |A (ek) | 

dsp(a, a) = nn — » 10 logig | ————55 (3.7) 

ro Meese | Ae)   
Usually, the frequencies range from 125 Hz to 3125 Hz used with a N=256 

point FFT [LeB93]. 
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3.3.4. Perceptually-Weighted Mean-Squared Error 

Attempts have been made to weight the MSE distance measure so 

that it has some correlation with the subjective speech quality [Pal93]. 

One suggestion is to weight the speech by a power of the signal’s power 

spectral density. 

N, 2 
4 r 2 3.8 

d(£,?) = SwilP(f) @ - fi) 68) 
t=1 

where f;is the i™ frequency coefficient, uw, is the fixed weighting for the a 

parameter in the vector as determined by the parameter’s perceptually 

significance, P{f) is the LPC power spectrum at frequency f, and ris an 

empirical constant. Paliwal and Atal have empirically determined that 

r=0.3 is a good value to use. 

3.3.5. Pseudo-Gray Coding 

Pseudo-Gray coding [Zeg90] involves ordering the index assign- 

ments of the codebook such that the closest neighbors in the partition 

have an index with minimum Hamming distance from the original index. 

This is an attempt to reduce the effects of bit errors by minimizing the 

distortion caused. The implementation assumes a memoryless binary 

symmetric channel, which allows single bit errors to dominate. Because 

of this, the problem can be simplified by ignoring multiple bit errors in the. 
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optimization of the index assignment. The algorithm used to generate the 

locally optimal index assignment is the Binary Switching Algorithm 

[Zeg90]. This is an extremely computationally complex algorithm that is 

only used on fixed codebooks, since they are only generated once. 

Binary Switching Algorithm: 

Step 1: Initialize codebook. Set iteration count to 1. 

Step 2: Update the cost function of each codevector. 

Step 3: Sort indexes in order of decreasing cost. 

Step 4: Determine optimal index for highest cost vector by reducing 
distortion. 

Step 5: If no decrease in distortion is achieved, repeat Step 4 for next 
highest cost vector. If no more vectors, assume locally optimal 
solution and quit. 

Step 6: Increment iteration count. If iteration count = Imax, quit. 

Step 7: Go to Step 2. 

3.4. Suboptimal Types of Vector Quantization 

As discussed in Section 3.1, full-search VQ is computationally in- 

tensive for vector codebooks of practical size. For this reason, numerous 

sub-optimal approaches to codebook design and encoding have been 

proposed. 
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3.4.1. Split VQ: 

Split VQ is a simple scheme devised to reduce the size of codebooks 

used in the search for the optimal mapping. In Split VQ, the vector se- 

quence x is broken into smaller vector sequences, x;, to reduce the size of 

the codebook needed to fully represent the sequence. For example, in- 

stead of a 10-dimensional, 24-bit codebook, split VQ might have a 

6-dimensional, 12-bit codebook and a 4-dimensional, 12-bit codebook 

[Ata93]. Instead of searching 27* codewords, the search complexity is re- 

duced to 2x2)” vector comparisons. According to Paliwal and Atal [Pal93], 

LSP parameters can be transparently encoded using this method at 24 

bits per frame. This method is suboptimal since it can no longer take 

advantage of the correlation between the samples in different subvectors, 

xj and Xi. 

3.4.2. Tree-Structured VQ: 

Tree-Structured VQ (TSVQ) utilizes a m-ary tree structure to sim- 

plify the search procedure. At each level of the tree, the quantizer must 

determine the best mapping, from the m choices, to determine which 

branch of the tree to traverse next. This eliminates a large number of 

codevectors from the search at each level of the tree, since the codevectors 

in the other branches are no longer searched. For a binary tree, this re- 

duces the complexity of the search from a O(25) search to a O(N) search, 
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assuming a codebook size of 2. 
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Figure 3.2: Tree-Structured VQ Partitioning 

One of the drawbacks of the method is that it effectively doubles the 

storage needed to store that codebook as all interior nodes of the tree must 

also be stored. However, frequently the savings in computation outweigh 

the increase in storage requirements. Also due to the multiple partitioning 

of the vector space at each level of the tree; occasionally, a vector sequence 

will be chosen to traverse a certain branch of the tree due to the cost 

function, when another branch’s leaf actually contains the optimal map- 

ping [GeA92]. A sequence of partitions for TSVQ is shown in Figure 3.2. 
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At the first level, a binary decision is made to determine which region to 

search next. Based on the previous decision, all of the level two centroids 

in the region selected in the previous level are tested. This repeats again 

to demonstrate an eight level codebook. All in all, a total of 3 binary de- 

cisions are made instead of 8 for the full-search case. The lower right 

partitioning illustrates that the tree-structure imposes a sub-optimal par- 

titioning when compared to the full-search case. 

3.4.3. Shape-Gain VQ: 

Shape-Gain VQ (SGVQ) separates the vector, x, into a scalar gain, g, 

and a gain-normalized vector shape, S. 

_ 1 & Se 3.9) 

can ia : 
x ~ 

z, 

§, = TEER (3.10) 
N, a 

2 eee He       

  

where ||Gj| is the number of samples in the i” gain partition, N, is the 

number of shapes, Ng is the number of gains, and Ry is the codebook 

partition. The gain is then scalar quantized and the shape vector is vector 

quantized to determine two channel symbols transmitted to the decoder. 

This concept is illustrated in Figure 3.3. 

  

Chapter 3 - Vector Quantization Page 62



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

  
Shape 

      

>
 

    
Maximize 
  

  

      

        
  

      

    

      
Figure 3.3: Shape-Gain VQ Encoder. 

The decoder maps the channel symbols back into a gain and a shape and 

multiplies the two together to compute the output vector, as depicted in 

Figure 3.4. 

  

2 | j-— 

Figure 3.4: Shape-Gain VQ Decoder. 

      

This form of quantizer is referred to as a product code in that it involves 

the product of two parameters to determine the vector sequence. 
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A great number of the vector quantizers used in speech coding could 

be considered a form of shape-gain vector quantizer. For instance, in 

VSELP, all of the excitation sources have a vector codebook which is com- 

bined with a scalar gain. While the specific implementation may vary, 

SGV@Q is prevalent throughout voice coding [EIA90]. 

3.4.4. Multistage VQ: 

Multistage VQ (MSVQ) breaks the quantization down into stages 

where each successive stage quantizes the error of the previous stage, as 

shown in Figure 3.5. 
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Figure 3.5: Multistage VQ 

To decode, all that is required is to sum the output of all of the stages. 

This method allows for smaller codebooks, since the error codebooks allow 

for far more permutations of codevectors, while only searching for a small 

part of the codevector at a time. 

One problem with this method is that as the stages progress, the 

data becomes less correlated, thereby decreasing the gain provided by 

vector quantization. Another problem is that a more accurate represen- 
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tation may have a less accurate previous stage to allow a latter stage to 

better match the codevector. This leads to a suboptimal solution. 

To combat this suboptimal problem, there are algorithms [Cha92, 

LeB93] that try to keep the best few vectors from each stage to enhance 

performance by cutting down on suboptimal quantizations. Instead of 

choosing the best codebook entry and passing this on to the next stage, 

the M best entries are selected and passed on. For the subsequent stages, 

each of the M compilation of previous entries, or trajectories, are used to 

generate an error residual that is quantized. For the M passes through the 

codebook, the M best vectors are selected and are added to the corre- 

sponding trajectories that lead to the residual encoded to yield that vector 

choice. Note that at any time, one vector in an earlier stage may be a 

member of multiple trajectories, so that as the search progresses, paths 

can disappear. This method is referred to as the M-L search [LeB93]j, in 

that at each stage, the best M vector trajectories are computed and sent on 

to the next stage. For this method, L is equal to the number of stages in 

the MSVQ. A trajectory is the sequence of output from all of the stages 

that have been processed. After quantization, the trajectories contain the 

indices selected for each stage. The trajectory with the lowest distortion is 

then chosen as the optimal solution. This M-L search is needed to realize 

the full advantages of MSVQ. For a sequential search, more than two 
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stages will severely degrade the performance of the quantizer. With the 

M-L search, LeBlanc et al. have shown that the MSVQ can outperform the 

split-VQ method. 

3.4.5. Finite-State VQ: 

Finite-State VQ (FSVQ) is a switched vector quantizer where the se- 

quence of quantizers chosen by the encoder can be tracked by the decoder 

[Fos85, Dun85]. FSVQ makes use of memory of the source to improve the 

performance of the vector quantizer. Effectively, a FSVQ is N possibly- 

overlapping vector quantizers that are restricted in which quantizer is 

used next. Effectively, this is a super-codebook where only a limited sub- 

set of the codevectors are available depending on the current state of the 

system. A next-state function, f, determines which codebook will be used 

next. The next-state function determines the next state (codebook) based 

on the current state and the current vector. 

A finite-state vector quantizer is comprised of three functions: 

Un = a(Xn,; Sn) (3.11) 

Xn = B(Sa, Un) (3.12) 

(3.13) 
Sn4t = f(Sn, Un) 

where a is the encoding function, B is the decoding function, and fis the 

next-state function. This implementation is called an Omniscient FSVQ 
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since the state selector in the decoder is assumed to correctly know which 

vector has been chosen by the encoder, as illustrated in Figure 3.6 and 

3.7. Omniscient FSVQ uses only the input sample and the current state 

to update the next-state function, f. In practical implementations, the 

decoder tracks the encoder by using the decoded vector to update the 

next-state function. 
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Figure 3.6: Omniscient Finite-State Vector Quantizer encoder. 
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Figure 3.7: Omniscient Finite-State Vector Quantizer decoder. 

The FSV@Q design process is broken down into three stages: 

1. Initial classifier design. 

2. State space, next-state function, and state codebook design. 

3. Iterative state codebook improvement. 

For step 1, to design a classifier for a K state FSVQ, a K size classi- 

fier vector quantizer is first built. Then, the training data is used to create 

K partitions to classify the data into states. This classifier codebook will 

be used to generate the state codebooks, and the next-state function. 
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For step 2, the state is initialized to So. The training data is parti- 

tioned into K subsets that will be used to individually train the state 

codebooks. This is accomplished by passing the training data through the 

classifier codebook and allocating the training vectors to the appropriate 

bin according to which state the system is quantized. Use the training 

subsets to train K state codebooks for an initial FSVQ system. The next- 

state function is the classifier codebook. Passing the quantized vector into 

the codebook outputs the next state of the system. 

For step 3, the K state-codebooks should be optimized, given a next- 

state function (the classifier codebook). Now, all of the training vectors are 

quantized and the data is partitioned according to the state from which the 

data sample originated. This partitioning of the quantized output vectors 

is used to generate the new next-state function. This is accomplished by 

recomputing the centroids of the classifier codebook based on the parti- 

tioning and using the quantized vectors as the training data. The 

quantized vectors are used since the decoding side only has the quantized 

data available to it to train. Otherwise, the encoder and decoder would be 

training with different data and the quantizer performance would suffer. 

Recent work has applied trellis-coding techniques to FSVQ to take 

advantage of interframe dependencies [Fis91, Mal93]. The disadvantage of 

this idea is the large delays that are required in a trellis-coding system. If 
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delay is not a problem, significant performance improvements can be at- 

tained by taking advantage of the interframe correlation of speech. 

3.5. Summary 

In this chapter, we have described the basic concepts associated 

with vector quantization of speech parameters. In practice, sub-optimal 

VQ techniques are favored over the more computationally intensive full- 

search VQ. In the next chapter, we describe a tool for investigating the 

performance of alternative speech coding techniques. In Chapter 5, we 

apply that tool to study the use of MSVQ and FSVQ to encoding linear 

prediction parameters. 
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4. THE VOICE CODING DEVELOPMENT & RESEARCH 

SYSTEM (VOCODER SYSTEM) 

The Voice Coding Development and Research (VoCoDeR) System is 

a software tool that allows the testing and evaluation of speech coding 

algorithms and channel coding schemes. This software system permits 

exploration of a variety of options when designing a system. The VoCoDeR 

system allows one to develop both the speech coder and the channel cod- 

ing scheme in a combined environment. 

Many novel options are provided by this software. One such option 

is the capability to examine finite-state vector quantizers applied to speech 

coding. In the past under-sized codebooks were used to provide a possible 

trend [Dur85]. However, full-size codebooks have not been examined. 

Furthermore, this software allows new linear prediction coefficient repre- 

sentations to be examined. [Bis93] introduces the immittance spectrum 

pair as a possible improvement to the line spectrum pair. In his research 

so far, he has only examined ISP with scalar quantization. This system 

allows ISP with vector quantization to be tested for the performance 

capabilities. Not only does the VoCoDeR system allow the voice coders to 

be tested, but it also provides a complete channel coding development 

stage to allow the speech coders to be tested in realistic channel 

environments. 
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The system is comprised of three primary programs. There is a vec- 

tor quantization codebook generator program, a speech coding and 

evaluation program, and a channel simulation program. The VQ codebook 

generator program receives speech data as input and trains a codebook of 

the desired vector quantization method using a specified distance 

measure. The speech coding and evaluation program reads all of the voice 

coding parameters and generates, corrupts, and decodes speech to evalu- 

ate performance and quality. The channel simulation program generates 

the error pattern file used to corrupt the transmitted speech data. 

To test the system, one can use channel simulation programs like 

BERSIM [Fun90, Tho92, Li93], and SIRCIM [Sei89] to generate the bit er- 

ror patterns. BERSIM is a Bit Error Rate SIMulator that models the 

channel and produces a bit-by-bit error pattern file containing the location 

of bit errors for the selected channel. It provides the capability to model 

additive white Gaussian noise (AWGN), flat Rayleigh fading, two-ray Ray- 

leigh fading, and externally generated channel profiles. SIRCIM is 

Simulation of Indoor Radio Channel Impulse Models. It is a statistically- 

based channel simulator that generates the channel models for the indoor 

wireless environment. 
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4.1. Source Coding Capabilities 

The VoCoDeR system allows one to construct and test speech 

coders. A block diagram of the system is shown in Figure 4.1. A variety of 

options currently enable one to construct various speech codecs. These 

options include selecting the frame size, the linear prediction coefficient 

representation, and long term predictor type. The general parameters are 

listed in Table 4.1 and the system parameters are described in Table 4.2. 
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Figure 4.1: VoCoDeR Block Diagram 

To illustrate the range of options available, sample parameter files 

are provided in Figures 4.2 and 4.3. The sample files provided illustrate a 

modified North American Digital Cellular (NADC) 8kbps VSELP being test- 

ed ina 10 dB E, /N, two-ray Rayleigh fading channel for a mobile travelling 

at 100 kph. The full IS-54 channel coding is selected and the performance 
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Table 4.1: General Parameters 

Parameter Description Values 

InputFile Input speech file path filename 

OutputFile Output speech file path filename 

VocoderParm System parameter file filename 

Encode Determines whether speech coder ON/ORF 
decod I codes and 4 seoiag ony oreo esl Ge 

Log Log file name filename/OFF 

Error Error reporting file filename/OFF 

PackedOutput Hexadecimal transmit data logged filoname/OFF 

OutputRC Store all reflection coefficients filoname/OFF 

OutputAC Store all LPC coefficients filename/OFF 

OutputLSP Store all LSP coefficients filename/OFF 

OutputISP Store all ISP coefficients filename/OFF 

PerformMeasure Record performance measures filename/NONE 

PostFilt Postfilter flag ON/OFF 

BitAllocation Bit allocation flag/file header name fileheader/OFF 

FEC Error correction flag ON/OFF 

InputConv Number of input bits for convolutional number 

coder 

OutputConv Number of output bits for number 
convolutional coder 

ConstraintConv Constraint length for convolutional number 

coder 

Geno Octal representation of generator octal number 
polynomial 0 for convolutional coder 

Gent Octal representation of generator octal number 

polynomial 1 for convolutional coder 
Interleave interieaver flag ON/OFF 

inteleaveRowSize Intraframe interleaver row size number 

InterleaveColumnSize Intraframe interleaver column size number 

interlaaveMixFile Intraframe interleaver filename filename/NONE 

specifying when class 1 and class 2 

bits are swapped for input into 

interleaver 

Channel error pattern corruption filename filename/NONE 

OutputCorupt filaname to store corrupted filename/NONE 

transmission data   
  

measures of signal-to-noise ratios, spectral distortion, and channel and 
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InputFile: manIls1l.au 

OutputFile: outau/tray/one/100/mant1s1.is54.10.au 

VocoderParm: sys_parnvis54 

Encode: ON 

Log: OFF 

Error: error.tray 

PackedOutput: OFF 

OutputRC: OFF 

OutputAC: OFF 

OutputLSP: OFF 

PerformMeasures: outau/tray/one/ 100/man1s1.is54.10.diag 

PostFilt: ON 

BitAllocation: [S54 

FEC: ON 

InputConv: 1 

OutputConv: 2 

ConstraintConw: 6 

Gend: 065 

Genl: 057 

Interleave: ON 

InterleaveRowSize: 26 

InterleaveColumnSize: 10 

InterleaveMixFile: mixbits.i ° 

Channel bbe/bushdat/tray/one/ 100/tndb.bbe 

OutputCorrupt: NONE - + 0.08 P02 Beer Ee ght pe Cote. 

Figure 4.2: Sample General Parameter File 

data bit error rates are recorded. A slight modification from the standard 

NADC configuration is selected, using a 4/6 Split VQ for Differential LSP 

coefficients with 13 bits per codebook. Also, the Levinson-Durbin algo- 

rithm is selected instead of the FLAT algorithm. Lastly, the ninth and 

tenth line spectral frequencies are weighted less in the distortion 
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calculations. 

Table 4.2: System Parameters 

Parameter Description Value 

FrameTime Length of frame in seconds time 

NumSubframes Number of subframes per frame number 

RCmethod Algorithm used to compute LPC FLAT / DURBIN 
coefficients 

CoeffLPC Coefficient representation used AC /RC/LAR/ASR/LSP / 

to quantize the LPC coefficients DLSP / ISP / DISP 

QuantLPC LPC quantization type SCALAR / VQ / SGVQ / 
MSVQ / TSVQ / FSVQ 

LPCsize LPC codebook bit size number for each codebook 

VecSize Vector size for each codebook number for each codebook 

NumTrajectory Number of concurrent number (Only valid for MSVQ) 
trajectories to search for MSVQ 

QuantFile LPC codebook filename filename 

DistortionMeasure LPC quantization distortion WMSE / PWMSE / Itakura- 

measure Saito / SpectralDistortion 
DistWeights Sample weightings used in Floating point number for each 

distortion measure calculations sample in the vector 

ROsize Bit size used to quantize frame number 

energy 
FractionalLag fractional lag flag, or filename, OFF / 

size of delay filter, and low-pass filename number filename 
filter coefficients file 

LagSize Bit size used to quantize lag number 

DLagSize Bit size used to encode delta- number 

encoded lag information 
NoiseWeightingParm Weighting used in denominator floating point number 

of noise weighting filter 
Code1Size Bit size used to quantize number 

excitation codebook 1 

Code2Size Bit size used to quantize number 

excitation codebook 2 

PLEN Length of weighted speech number 

segment 
PostfilterWeighting Weighting used in denominator floating point number 

of spectral postfilter 

PostfilterBEQN Bandwidth expansion factor number 

PostfilterLPF_Emph ist order LPF coefficient for floating point number 
brightness filter 

PostfiltterAGC_Coef Scale factor to ensure unity floating point number 

power gain through the postfilter 
Num_GSP0O GSPO0 codebook size number 

GSPO_Terms Number of precomputed terms number 
stored in GSP0 codebook       
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FrameTime: 0.02 

NumSubframes: 4 

RCmethod: DURBIN 

CoeffLPC: DLSP 

QuantLPC: VQ 

LPCsize: 13 13 

VecSize: 4 6 

QuantFile: ../vquant/dlisp_s13.splitug 

DistortionMeasure: WMSE 

DistWeights: 1.0 1.0 1.0 1.0 1.0 1.0 1.0 1.0 0.64 0.16 

ROsize: 5 

FractionalLag: OFF 

LagSize: 7 

NoiseWeightingParm: 0.8 

Code 1Size: 7 

Code2Size: 7 

PLEN: 21 

PostfilterWeighting: 0.8 

PostfilterBEQN: 1200 

PostfilterLPF_Emph: 0.4 

PostfilterAGC_Coef: 0.9875 

Num_GSP0: 256 

GSPO_Terms: 9 

Figure 4.3: Sample System Parameter File 

4.2. Vector Quantizer Codebook Generator 

An off-line utility of the VoCoDeR system is a vector quantizer co- 

debook generator. This program allows one to generate codebooks for use 

with the many vector quantizers utilized by speech coders. 

The options for full-search VQ, split-VQ, multistage VQ, and finite- 
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state VQ are available for generating desired quantization systems, as de- 

scribed in Chapter 3. The shape-gain VQ and tree-structured VQ are 

currently only available as separate off-line programs that read data from 

an input file and train the codebook according to the Generalized Lloyd 

Algorithm. All of the other vector quantization methods are available in a 

large program that inputs speech and outputs a codebook according to the 

parameters provided. Pseudo-gray coding is available to reduce the effects 

of single bit errors on the vector codebooks. 

The main codebook program provides a selection of distortion mea- 

sures to be used to train the codebooks. The user can choose from 

Weighted Mean-Squared Error (WMSE), Perceptually-Weighted Mean- 

Squared Error (PWMSE), Spectral Distortion (SD), and Itakura distance. 

The PWMSE weights each sample in the vector according to a fractional 

power of its power spectral density [Pal93] in addition to being able to 

apply a fixed weighting. Of these, WMSE, PWMSE and SD are examined 

in Chapter 5. 

The codebook generator reads its parameters from file. The avail- 

able parameters are the input speech file, the output codebook, the system 

parameter file, the distortion measure, the maximum number of iterations 

for those VQ methods that do not converge (at which point the lowest 

distortion codebook so far created is used), the maximum number of iter- 
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ations for the pseudo-gray coding and the sample weightings for the dis- 

tortion calculation. These parameters are described in Table 4.3. 

  

  

  

  

  

  

  

  

          

Table 4.3: Codebook Generator Parameters 

Parameter Description Value 

InputFile Input speech filename filename 

Output Output codebook file filename 

VocoderParm system parameter file filename 

DistortionMeasure Method by which vectors are WMSE / PerceptualWMSE 

compared / takura-Saito / 

SpectralDistortion 

Maxiterations Maximum number of iterations to number 

generate locally optimal codebook for 

nonconvergent VQ methods 
PseudoGray | Flag or maximum number of iterations | OFF / number 

to find the optimal index assignment 

scheme 

DistWeights Sample weightings for the distortion floating point numbers for 
calculation. each sample in the vector 
  

InputFile: ../vselp/talk.au 

Output: dlsp.s2vq12pw 1.talk 

VocoderParm: sys_parn.vq 

DistortionMeasure: PerceptualWMSE 

Maxiterations: 20 

PseudoGray: OFF 

DistWeights: 1.0 1.0 1.0 1.0 1.0 1.0 1.0 1.0 0.64 0.16 

Figure 4.4; Sample Parameter File 

The sample parameter file shown in Figure 4.4 generates a perceptually- 

weighted split-VQ 12-bit per codebook LSP quantizer as described in Pali- 

wal and Atal [Pal93]. A reduced system parameter file is used by this 

system to define the LPC quantization procedure. Only the parameters 
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dealing with frame boundaries and LPC quantization are needed for this 

program. 

FrameTime: 0.02 

NumSubframes: 4 

RCmethod: DURBIN 

CoeffLPC: DLSP 

QuantLPC: MSVQ 

NumtTrajectory: 5 

LPCsize: 6666 

VecSize: 10 

DistWeights: 1.0 1.0 1.0 1.0 1.0 1.0 1.0 1.0 0.64 0.16 

ROsize: 5 

NoiseWeightingParm: 0.8 

Figure 4.5: Sample System Parameter File 

The sample system parameter file shown in Figure 4.5 generates a 4-stage 

MSV@ codebook with 6 bits per stage. It utilizes perceptually-weighted 

MSE and searches 5 trajectories for the optimal solution. 

4.3. Channel Coding Capabilities 

The VoCoDeR System provides a variety of flexibility in assigning an 

error protection scheme. Zero-redundancy pseudo-gray coding is avail- 

able to minimize vector quantizer distortion due to index bit errors as 

described in section 3.3.5. The system also provides for bit classification 

so that differing protection levels can be applied to different groups of bits. 

For the most vital of parameters, error detection can be performed to alert 
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the speech decoder that important parameters have been corrupted and to 

handle them accordingly. A flexible convolutional coder provides error 

correction capability. To reduce the effects of bursty bit errors, interleav- 

ing before and after error correction is available as well as interleaving 

between frames. A block diagram of the channel coding features is pre- 

  

        

  
  

                          

    

      

  
  

  

                      

  

  

sented in Figure 4.6. 
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Bit CRC Convolutional. Block Frame 
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Received 

Symbols 

Figure 4.6: Channel Coding Block Diagram 

4.3.1. Bit Classification 

The system uses files to separate the bits into separate 

classifications. Currently, two classifications are supported, but many 

more classifications could be added with minimal effort. This feature al- 

lows varying levels of redundancy to minimize transmission bandwidth, 
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yet still protect the parameters that are perceptually important. The file 

header is specified in the general parameter file according to Table 4.1. 

This file header is used to specify the files containing the bit orderings for 

class1, class2 and CRC bits. The filenames are created by appending an 

extension onto the file header. The extensions are .class1, .class2, and 

.crc, respectively. For example, if the file header is IS54, then the class 1 

bit ordering filename is IS54.class1. These files consist of the first line 

containing the number of entries to follow, with one entry per line. On 

each line is the parameter name and the bit position of the next bit to be 

fed into the bitstream. For example, to place the least significant bit of the 

first LPC channel symbol, enter: LPC1 O on the next line. The parameter 

names are contained in the parameter ordering file, <fileheader>.order. 

This file contains the name of the parameters sent to the channel ordered 

in a specific way for the program to function properly. The ordering is: 

first, the frame energy, second, the LPC coefficients, third, the subframe 

parameters ( lag, excitation codebooks, excitation gains ), and lastly, the 

CRC value. This implementation provides flexibility and expandability in 

that the user is not restricted in the bit allocation. 
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Figure 4.7: Sample Parameter Ordering File 

4.3.2. Error Detection 

Error detection is provided by way of a Cyclic Redundancy Check 

(CRC). The CRC bit ordering is specified by the .crc file selected by the bit 

allocation file header. For IS-54, the generator polynomial is g,,-{X) = 1 + 

X +X? +X‘ +xX° +X’ with an input size of 12. 

The CRC check is enabled whenever bit allocation is conducted. If 
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the CRC check fails, an error has been detected in the perceptually sig- 

nificant bits allocated to the CRC. This error signifies that a large enough 

error has occurred to cause the system to throw away the frame energy 

and LPC coefficients and use the previous frame’s data. After the third 

consecutive CRC failure, the copied frame energy attenuates, until the 

sixth consecutive failure, whereby the frame energy is set to zero. If the 

frame energy is set to zero, the CRC must pass twice before the system will 

restore the received frame energy and LPC coefficients. This slow degra- 

dation is implemented to prevent sharp cutoffs caused by deep fades in the 

channel. Using this method will cause a slow quieting of the speech until 

it is cut off. 

4.3.3. Convolutional Coding 

The current system provides a convolutional coder for real-time er- 

ror correction. The convolutional coder utilizes the Viterbi Algorithm to 

decode [Vit79]. The system allows the user to specify input and output bit 

sizes, thereby specifying the rate of the coder. Also, the constraint length 

and generator polynomials can be specified to allow any convolutional 

coder implementation to be used. These parameters are specified in the 

general parameter file. For example, for a rate 1/2, memory order 5 (con- 

straint length 6) convolutional code with generator polynomials, 

go(D) = 1+ D + D® + D’ and g(D) = 1 + D? + D® + D* + D®, would yield the 
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input to the general parameter file shown in Figure 4.8. 

FEC: ON 

InputConv: 1 

OutputConw: 2 

ConstraintConv: 6 

Gen0O: 065 

Genl: 057 

Figure 4.8: Error Correction Parameters 

Note that the generator polynomials are entered in an octal representation 

as described in [Lin83], with the coefficients ordered from low to high. 

4.3.4. Intraframe Interleaving 

This software provides the ability to interleave the data going into 

the convolutional coder and to interleave all of the data before 

transmission. Interleaving reduces the effects of burst errors by spreading 

out the bit errors between many parameters allowing the error correction 

methods to handle them instead of allowing one parameter to be com- 

pletely distorted and have the error correction circuitry not be able to 

properly decode the parameter. 

To activate a 26x10 interleaver with the IS-54 bit ordering, the gen- 

eral parameter file text of Figure 4.9 is used. 
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Interleave: ON 

InterleaveRowSize: 26 

InterleaveColumnSize: 10 

InterleaveMixFile: mixbits.i 

Figure 4.9: Interleaving Parameters 

The transmission interleaver allows the user to stipulate the row and col- 

umn size of the interleaver, which will affect the performance for different 

length burst errors. The mix file determines when the interleaver switches 

the input feed between classl and class 2 bits. The feed is assumed to 

start with class 1 bits. The first line contains the number of switches 

specified by the file. The IS-54 interleaver is implemented using the mix 

file of Figure 4.10. This stipulates that there are 17 switches to be con- 

ducted, starting with the 0" bit. At the 1° bit, the input feed is switched 

back to the class 1 bits until the 26 bit. This repeats at the bit positions 

indicated by the file until the 223" bit, where the rest of the class 2 bits 

are feed into the interleaver. 
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131 

156 

157 

182 

183 

208 

209 

223 

Figure 4.10: IS-54 Mix File 

4.3.5. Interframe Interleaving 

In addition to interleaving bits within a frame, this software allows 

the user to interleave half of the data between frames. This provides fur- 

ther resistance to deep fades characteristic of the mobile channel. This 

feature is automatically enabled when interleaving is activated. 

4.4. Channel Modeling Capabilities 

The VoCoDeR system will corrupt the transmitted bit stream ac- 

cording to a bit-by-bit error pattern file. This file contains the bit-error 
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ordering as determined by some bit error rate simulator, like BERSIM. 

The bit error rate simulator will generate bit-error patterns based on the 

modulation-type and the channel statistics specified. To select an error 

pattern file, enter the following in the general parameter file: 

Channel: bbe/bushdat/tray/one/ 100/tndb.bbe 

OutputCorrupt: NONE 

Figure 4.11: Channel Corruption Parameters 

A copy of the corrupted transmission data for analysis or processing is 

generated by activating the output by entering a filename for the Output- 

Corrupt: parameter. 

4.5. Summary 

In this chapter, we have described a software tool for investigating 

alternate speech coder designs. In Chapter 5, we illustrate its application 

to the problem of vector quantization of linear prediction parameters in a 

VSELP-based codec. 
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5. PERFORMANCE OF VOICE CODERS IN WIRELESS 

ENVIRONMENTS 

This thesis investigates speech communications issues for mobile 

communications, making two primary contributions. First, the VoCoDeR 

software tool has been developed which allows rapid and flexible compar- 

ison of alternative combinations of speech encoding, channel encoding, 

frame structures, interleaving, and parameter quantization techniques for 

a mobile radio environment. The capabilities of this tool are described in 

the previous chapter. 

The second major contribution of this thesis is the application of 

this software tool to investigate and compare alternative vector quantiza- 

tion techniques for speech coding parameters. In particular, several novel 

vector quantization techniques are investigated. This investigation is de- 

tailed in this chapter. In Section 5.3, we discuss the performance of 

uncorrupted speech. Within this section, signal-to-noise ratios, spectral 

distortion, mean opinion scores, and degradable mean opinion scores are 

examined. In Section 5.4, we discuss the performance of speech corrupt- 

ed by various channel models for the mobile channel. 

5.1. Speech Coding Samples 

The speech files used in this simulation are Diagnostic Acceptability 
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Measure sentences provided by Bell Atlantic Mobile and were recorded on 

the SUN workstations from a Digital Audio Tape player. A total of four 

speakers, two male and two female, were used to provide some variations 

in the test speech. Each speaker provides ten phonetically-balanced sen- 

tences similar to the Harvard sentences [IEEE69]. The second male and 

female speech selections were combined to create a training database for 

the vector quantizers. The first male and female selections were then 

tested on a sentence by sentence basis. 

Because of limits on computation time, the size of the training da- 

tabase was too small to produce telephone quality speech outputs. The 

goal here is to produce meaningful comparisons between alternative VQ 

schemes. Presumably, extensive training would result in speech with 

higher subjective quality measures and better objective performance. To 

properly train a usable quantizer, there should be at least 40-50 vectors 

per partition region. Instead of the usual 100,000 to 250,000 vectors used 

to train, most quantizers used only 2385 vectors. However, due to the 

intensive computational complexity, a reduced training set was used to 

provided a rough comparison between vector quantization methods with- 

out requiring months to generate each codebook. To put this into 

perspective, a conversation between two male speakers consisting of 

31744 vectors was used to train the larger codebooks. These codebooks 
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are the large split-VQ books (12 bits, 11 bits), and the FSVQ codebooks. 

To train a 4-state 8-bit per state FSVQ codebook required 8 days of CPU 

time on a SUN SPARC10/41 to run 10 iterations of the Generalized Lloyd 

Algorithm. Increasing the size of the training set forces a linear increase 

in the completion time of the codebook generator. 

  0.6 T $ q v 

      
2.5   

Time (sec) 

Figure 5.1: Uncorrupted female speaker "Don met me first today” 

To demonstrate the periodic and noisy aspects of speech, Figure 5.1 

illustrates a female speech sentence and Figure 5.2 illustrates a male 

speech sentence. In the figures, the regions of silence break up the ut- 
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terances of the words. The performance of the quantizers for female 

speakers is important due to the higher frequencies associated with the 

female voice. Since telephony is limited to 300-3400 Hz, high frequency 

information is lost. Since the female voice is higher in frequency that most 

males, it is more susceptible to detrimental effects due to the quantizer’s 

inability to fully reproduce the higher frequency ranges. 
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Figure 5.2: Uncorrupted male speaker "We lost the golden chain" 
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Figure 5.3: IS-54 encoded female speaker "Don met me first today” 

A number of different vector quantizer configurations are tested. 

Figures 5.3 and 5.4 demonstrate the female and male speakers encoded 

using the IS-54 specification. The IS-54 specification uses a 38-bit scalar 

quantizer acting on reflection coefficients. Other coefficient transforma- 

tions tested are log-area ratios, arcsine reflection coefficients, line spectral 

frequencies, and immittance spectral frequencies. The quantizers tested 

are split-VQ, MSVQ, and FSVQ. Unless otherwise specified, all subcode- 
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books are the same size and the MSVQ uses M=5 for the number of tra- 

jectories searched. 
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Figure 5.4: IS-54 encoded male speaker "We lost the golden chain" 

These waveforms provide little insight into the acceptability of the speech 

performance. For this reason, we investigate the performance using ob- 

jective and subjective measures. 
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5.2. Quantizer Test Set 

A variety of vector quantizers are tested for their performance in 

coding the linear prediction coefficients of the speech coder. Table 5.1 lists 

the various cases tested. The first case is the IS-54 quantizer. In Table 

5.1, the VQ Type is the method of quantization applied. SCALAR refers to 

using scalar quantization for each of the ten LP coefficients. VQ refers to 

split-VQ using as many stages as described in the Codebook Size and 

Vector Size columns. (PG) implies that the case also utilized pseudo-gray 

coding to improve error performance. FSV@Q refers to finite-state vector 

quantization, and MSVQ refers to multistage vector quantization. The LPC 

Coefficient cohimn describes the coefficient representation used in the test 

run. RC is reflection coefficients. DISP is differential immittance spec- 

trum pairs. DLSP is differential line spectrum pairs. ASR is arcsine 

reflection coefficients, and LAR is log-area ratios. The Codebook Size col- 

umn lists the bit sizes of each codebook. The IS-54 case lists the bit sizes 

of each of the ten scalar quantizers. The vector quantizer cases list the bit 

sizes of each stage. For the MSV@Q cases, M refers to the number of tra- 

jectories used to search the codebooks. pw is the abbreviation for 

perceptually-weighted MSE, and w is for weighted MSE. SDpw implies 

that the codebook was trained using spectral distortion for the distance 

measure and perceptually-weighted MSE was used on the test set. SDw is 

  

Chapter 5 - Performance of Voice Coders in Wireless Environments Page 95



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

similar except that weighted MSE was used on the test set. For example, 

6 6 6 6 M=5 SDpw implies that there are four 6 bit codebooks with five 

trajectory paths using spectral distortion for the training set and 

perceptually-weighted MSE for the test set. Vector Size lists the number 

of elements in the vector. This only has meaning for the split-VQ case 

where the full vector size of 10 is broken down to simplify the quantization 

process. 

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

            

Table 5.1: Quantizer Test Set 

Case VQ Type LPC Codebook Size Vector 
Coefficient Size 

1 SCALAR RC 6554444333 10x1 

2 vQ DISP 1194 451 

3 VQ (PG) DLSP 987 334 

4 VQ DLSP 1212w 46 

5 VQ DLSP 12 12 pw 46 

6 FSVQ DLSP 8888w 10 

7 FSVQ DLSP 88888888 pw 10 

8 MSVQ ASR 6666 10 

9 MSVQ ASR 7766 10 

10 MSVQ LAR 6666 10 

11 MSVQ LAR 7766 10 

12 MSVQ DISP 6666 SDw 10 

13 MSVQ DISP 6666 SDpw 10 

14 MSVQ DISP 7766SDw 10 

15 MSVQ DISP 7766 SDpw 10 

16 MSVQ DLSP 6666 M=10 pw 10 

17 MSVQ DLSP 6666 M=5 pw 10 

18 MSVQ DLSP 6666 M=1 10 

19 MSVQ DLSP 6 6 6 6 M=5 SDpw 10 

20 MSVQ DLSP 6666 M=5 SDw 10 

21 MSVQ DLSP 444444M=15 pw 10 

22 MSVQ OLSP 7766 SDw 10 

23 MSVQ DLSP 7766 SDpw 10 

24 MSVQ DLSP 7766 pw 10 

25 MSVQ DLSP 7777 pw 10     
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5.3. Performance of Uncorrupted Speech 

5.3.1. Objective Measures 

5.3.1.1. Signal-to-noise ratio 

The signal-to-noise ratio (SNR) is a convenient measure of the ob- 

jective quality of speech. Segmental SNR is usually used to show an 

average performance for the quantizer for different speakers and sounds. 

The signal-to-noise ratios can be seen in Table 5.2. The first four columns 

of Table 5.2 are the same as in Table 5.1 described in Section 5.2. 

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

    

Table 5.2: Speech Coder Performance 

VQ Type LPG Codebook Size Vector SNR (d8) SegSNA SD (dB) | 2-4dB Outliers | >4dB Outilers 

Coefficient Size __ (dB) __(%) (%) 
SCALAR AG 6664444333 10x1 14.15 8.91 0.33 0.0 0.0 

va DIsP 194 451 13.11 6.47 1.76 20.36 8.87 

va (PG) Disp 987 334 12.37 6.32 1.63 17.34 7.95 

va DLSP 12 12wW 46 12.22 6.34 1.66 18.32 9.48 

vaQ DLSP 12 12 paw 46 12.38 6.36 1.48 18.36 5.19 

FSVva DLSP seasaiw 10 10.87 §.90 2.71 37.56 18.86 

FSVQ OLSP 88888888 pw 10 10.98 5.88 2.80 35.83 19.29 

MSVQ ASR 6666 10 §.21 4.45 1.54 19.67 §.35 

MSVQ ASR 7766 10 -9.63 0.18 1.82 24.06 7.96 

MSVQ LAR eéés 10 4.99 3.58 1.90 35.60 5.41 

MSVQ LAR 7766 10 2.52 0.51 2.40 32.64 18.50 

MSVQ DISP 6666 SDw 10 45.43 2.29 2.00 27.25 9.75 

MSVQ DisP 6666 SDpw 10 9.53 §.62 2.04 25.32 11.53 

MSVQ DisP 7766 SOw 10 -00 ~00 2.02 23.56 11.40 

MSVQ DISP 7766 SOpw 10 4.70 5.42 2.04 23.79 12.78 

MSVQ OLSP 666 6 Ma10 pw 10 9.34 §.27 2.26 22.15 16.82 

MSVQ DLSP 6666 Me5 pw 10 10.06 5.32 2.26 22.24 17.48 

MSVQ DLSP 6666 M=1 10 10.81 6.77 2.80 24.53 26.42 

MSVQ DLSP 66 6 6 M=5 SDpw 10 9.53 5.74 1.96 24.80 11.10 

MSVQ DLSP 666 6 M=5 SOw 10 167.35 -10.58 1.89 22.72 9.08 

MSVQ OLSP 444444 M=15 pw 10 11.18 5.74 2.40 24.46 49.17 

MSVQ DLSP 7766 SOw 10 -00 “0 2.34 37.61 13.38 

MSVQ DLSP 7766 SOpw 10 3.53 5.09 1.85 19.89 11.45 

MSVQ OLSP 7766 pw 10 10.17 5.44 2.01 19.75 13.34 

MSVQ DLSP 7777 pw 10 10.70 §.53 1.98 23.17 12.00                     
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Some of the cases yielded negative SNR results. This is due to unstable 

filters corrupting the speech. These do not affect the SD measures since 

it can not be computed in these cases, so that frame was dropped from the 

computation. Generally, segmental SNR of 6 dB or higher produces com- 

munication quality speech. There are some exceptions, as in case 18 for 

the MSV@Q with 6.77 dB segmental SNR. From these results, spectral dis- 

tortion trained codebooks using weighted SNR should be avoided since 

they had test frames that did not register a valid SNR. LAR produced low 

segmental SNR. This implies that LAR requires more than 24 bits to ac- 

curate represent the LP coefficients. Both the ASR and LAR cases for 26 

bits/frame experienced unexpectedly lower SNR values than the 24 

bits/frame case. This may have been caused by a poor locally optimal 

solution in the codebook training. The SNR results for the 24 bits/frame 

MSV@Q for DLSP do not correspond well with the subjective quality. This 

leads one to examine other objective measures. 

5.3.1.2. Spectral distortion 

Spectral distortion provides a frequency related distortion measure 

that measures relative power spectral densities. This measure is more 

correlated with subjective quality than the signal-to-noise ratio. Table 5.2 

illustrates the performance of various quantizers without channel 

corruption. The SD column of Table 5.2 lists the spectral distortion gen- 

  

Chapter 5 - Performance of Voice Coders in Wireless Environments Page 98



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

erated by the quantizer. The Outlier columns list the statistics associated 

with the distribution of the spectral distortion measures on a frame-by- 

frame basis. 

It has been empirically determined that "transparent" quantization 

can be achieved with a measure of 1.0 dB average spectral distortion with 

less than 2.0% outliers in the 2-4 dB range and no outliers in the greater 

than 4 dB range. Transparent quantization means that quantization in- 

troduces no noticeable distortion to the waveform. 

The IS-54 standard with 38-bit, scalar quantized, reflection coeffi- 

cients provides more than sufficient spectral distortion performance with 

an average spectral distortion of 0.3278 dB with no outliers greater than 2 

dB. Because this LPC quantizer surpasses the needed statistics by such 

a great margin, it should be quite simple to drastically reduce the bit rate 

while still maintaining transparent quantization of the linear prediction 

coefficients. 

As such, a number of vector quantization methods have been ap- 

plied in an attempt to reduce the bit rate while maintaining transparent 

quantization. Split-VQ is provided as a baseline comparison for the more 

complex VQ methods, multistage VQ and finite-state VQ. 

Figure 5.5 shows the relative performance of the various quantizers 

without noise. The number before the dash in the legend corresponds to 

  

Chapter 5 - Performance of Voice Coders in Wireless Environments Page 99



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

the case number in Table 5.1. Unfortunately, some of the results can be 

misleading since some of the quantizers had stability problems with the 

filters. These quantizers can be recognized by exceedingly low SNR values 

on Table 5.2. Generally, if segmental SNR is higher than SNR, there is 

some sort of problem. Log-Area Ratios did not perform well at all from a 

subjective viewpoint. If the codebooks were trained using a spectral dis- 

tortion measure, weighted MSE did not perform well for the vocoder. On 

the other hand, perceptually-weighted MSE did perform well. 

The split-VQ methods outperformed the other vector quantization 

methods in this testing. I believe further optimization of the multistage 

quantizer is necessary for it to compete. While it may save on computation 

by reducing the codebook sizes, the need to search multiple trajectories 

counteracts some of the savings. 

While the finite-state vector quantizers performed relatively poor, 

their bit rate must also be considered. While most of the quantizers use 

24 bits/frame, the finite-state quantizers only use 8 bits/frame. That is a 

significant savings from the 38 bits/frame used by the IS-54 specification. 

If sufficient training data is used, perhaps the performance would improve 

to a possible alternative. Of the two FSVQ cases, the smaller case per- 

formed better from a SD point-of-view. This may be due to the same 

training set being used for both and the larger codebook case was more 
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penalized by the reduced training set size. 

Of the relative stable MSVQ cases, the spectral distortion trained, 

perceptually-weighted tested 24 bits/frame performed on par with the 

normal 28 bits/frame perceptually-weighted case. This demonstrates that 

proper choice of a distortion measure can have significant benefit for the 

vector quantizer. 

The DLSP 9 8 7 quantizer is the only codebook to utilize pseudo-gray 

coding. Since it slightly edged out a more complex quantizer, the benefits 

of this non-redundant error protection scheme are evident. 
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Spectral Distortion Comparison 
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Figure 5.5: Spectral Distortion of Quantizers 
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5.3.2. Subjective Measures 

5.3.2.1. Mean opinion score 

The Mean Opinion Score (MOS) [IEEE69] is one of the most widely 

used subjective quality measures. With this measure, the listeners rate 

the speech based on a five-point scale as to their subjective opinion of the 

distortion of the test speech, as shown in Table 5.3. 

  

  

  

  

  

  

  

Table 5.3: Mean Opinion Score (MOS) 

Rating Speech Quality Level of Distortion 

5 Excellent imperceptible 

4 Good Barely perceptible, but acceptable 

3 Fair Perceptible and slightly annoying 

2 Poor Annoying, but tolerable 

1 Unsatisfactory Very annoying and untolerable           
To generate the score, average all of the listeners’ rating. The listeners 

hear the sample up to three times to form their opinion. In order to prop- 

erly conduct the MOS testing, the listeners are first submitted to reference 

speech with known performance to "anchor" the audience’s scoring. This 

provides the basis of comparison with other testings and removes any bias 

the audience may have. The advantage of this subjective measure is its 

flexibility to accommodate any distortion, since the audience can judge 

what is annoying and what is tolerable. This also leads to a disadvantage, 
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since different listeners will have varying opinions as to the acceptability 

of certain types of distortion. Table 5.4 illustrates the MOS scores 

achieved from testing conducted on an untrained audience. A total of 7 

people ranging in age from 22 to 27 were tested. Of the seven, two are 

female. Ideally, a larger group size and better male-to-female distribution 

  

  

  

  

  

  

  

  

would be preferred. 

Table 5.4: Speech Coder MOS Performance 

VQ Type LPC Codebook Size Vector MOS 

: Coefficient Size 

SCALAR RC 6554444333 10x1 3.93 

VQ DISP 1194 451 3.74 

VQ (PG) DLSP 987 334 2.81 

VQ DLSP 12 12 pw 46 3.63 

FSVQ DLSP 888 8w 10 2.74 

MSVQ DLSP 666 6 M=5 pw 10 2.00             
  

The IS-54 performed the best as expected. However, several lower rate 

cases approach the MOS score of the IS-54 quantizer. The ISP-based 

split-VQ performed quite well. The MSVQ had some occasional filter sta- 

bility problems that severely affected the speech performance. Obviously, 

MOS scores are the best determination of whether the quantizer is good 

since all that matters is whether the speech is acceptable or not. Unfor- 

tunately, it is not usable to train quantizers, so objective measures are still 

needed. 
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5.3.2.2. Degradable mean opinion score 

The Degradable Mean Opinion Score (DMOS) is similar to the MOS 

test, except this measures relative performance of two speech samples 

[Tho93], as shown in Table 5.5. This test is useful for determining the 

audience’s preference between two samples. It can be used to illustrate 

that some test code is as good as some reference or to measure how good 

some code performs relative to some known performance reference signal. 

  

  

  

  

  

  

  

Table 5.5: Degradable Mean Opinion Score (DMOS) 

Rating Relative Speech Quality Level of Distortion 

5 Same imperceptible 

4 Slight degradation Barely perceptible, but acceptable 

3 Moderate degradation Perceptible and slightly annoying 

2 Severe degradation Annoying, but tolerable 

1 Total degradation Very annoying and untolerable         
  

Table 5.6 illustrates the DMOS scores taken from an audience of one. The 

reference coder used is the IS-54 quantizer. These results are highly spec- 

ulative due to the small audience size. From the DMOS scores, the ISP 24 

bits/frame split-VQ performed the best being nearly indistinguishable 

from the IS-54 case. The LSP 24 bits/frame case contained some barely 

noticeable distortion. It is interesting to note that the FSVQ 8 bits/frame 

quantizer outperformed the MSVQ 24 bits/frame quantizer. However, the 

FSVQ was trained on a larger training set than the MSVQ. This will have 
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some impact on the results. 

  

  

  

  

  

  

Table 5.6: Speech Coder DMOS Performance 

VQ Type LPC Codebook Size Vector DMOS 

Coefficient Size 
VQ DISP 1194 451 4.67 

VQ DLSP 12 12 pw 46 4.33 

FSVQ DLSP 8888w 10 2.67 

MSVQ DLSP 6666 M=5 pw 10 2.00             
  

5.4. Performance in Noisy Channels 

Speech coders designed to operate within a mobile environment 

must be robust to bursts of errors generated by the mobile channel. 

Therefore, the generated speech coders were tested for performance in 

noisy environments. The program, BERSIM (Bit Error Rate SIMulator) 

[Fun91], was used to model the transmission segment of the mobile sys- 

tem, and to generate the bit error pattern files according to the channel 

model specified. BERSIM models the operations of modulation, trans- 

mission, and demodulation while recording the occurrence and ordering 

of bit errors. A modulation type of 1/4 DQ@PSK was used corresponding to 

the North American Digital Cellular (NADC) standard. A rate 1/2, con- 

straint length 6 convolutional code with inter- and intra-frame interleav- 

ing was also used. The output from BERSIM is used to insert errors into 

the speech decoder. Therefore, the BERSIM model replaces the channel in 

Figure 4.1. The channel models available in BERSIM include additive 
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white Gaussian noise, flat Rayleigh fading, two-ray Rayleigh fading and 

statistically-based, indoor channels generated by SIRCIM (Simulation of 

Indoor Radio Channel Impulse response Models) [Sei89]. 

5.4.1. Additive White Gaussian Noise 

Additive White Gaussian Noise (AWGN) is one of the noise models 

used to corrupt the speech to examine the speech codec’s resistance to 

errors. The E,/N, values 6, 8, and 10 dB were used to corrupt the speech. 

Figures 5.6 and 5.7 show the effects of AWGN on the female and male 

speech sentences. 

  

        

06 0.5 1 1.5 2 2.5 
Time (sec) 

Figure 5.6: IS-54 Female Speaker Corrupted by 6dB Ep/Nop AWGN 
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Figure 5.7: IS-54 Male Speaker Corrupted by 6dB E,y/Np AWGN 

Table 5.7 demonstrates the effects of the vector quantizer upon the 

performance of the speech coder in AWGN using spectral distortion as a 

measure. The SD was found to correspond with MOS scores more strongly 

than the SNR or segmental SNR. The bit error rate (BER) is the data BER, 

not the channel BER. This is the error rate seen by the data after error 

correction. The channel BER is significantly worse. The IS-54 quantizer 

starts to demonstrate some greater fluctuation of spectral distortion val- 

ues as noted by the increase in outliers. The DLSP case outperforms the 

DISP case at 6 dB for split-VQ. ASR outperforms LAR, but both cannot be 

realistically compared to the spectrum pairs due to the afore mentioned 
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problems. At 26 bits/frame, DLSP outperforms the DISP for MSVQ for the 

SDpw cases. This further reinforces how line spectrum pairs appear more 

robust to noise. For the DLSP MSVQ, increasing the bit rate provides the 

expected improvement in performance. 

Table 5.8 provides the MOS scores for select quantizers. The scores 

yielded for the IS-54 quantizer were slightly higher than the no error case. 

This is likely due to the variance in the audience’s opinion. DLSP split-VQ@ 

outperformed DISP split-VQ at 6 dB. This might suggest that while DISP 

sounds better uncorrupted, DLSP is more resistant to errors. The 10 dB 

case of the MSVQ was lower than the worse noise cases. This is due to the 

approximate quality of the MOS scores and varying opinions as to what 

constitutes intolerable noise. 

Figure 5.8 shows the effects of AWGN on the IS-54 vocoder. The 

redundancy of the IS-54 vocoder allows AWGN to have only an insignifi- 

cant effect. Figure 5.9 compares the two split-VQ methods with a MSVQ 

at 24 bits/frame for the LPC parameters. The split-VQ methods perform 

significantly better than the multistage VQ method. Figures 5.10 and 5.11 

compare different LP coefficient representations for MSVQ at 24 and 26 

bits/frame, respectively. From a spectral distortion viewpoint, arcsine re- 

flection coefficients slightly edge out line spectrum pairs. However, from a 

subjective quality point of view, the spectral pairs perform the best with 
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LSP performing the best. Figure 5.12 compares the performance of 

weighted MSE and perceptually-weighted MSE for immittance spectrum 

pairs. While the SD of weighted MSE may be slightly lower, the sound is 

considerably worse due to the bad frames being dropped from the distor- 

tion calculation. Figure 5.13 illustrates the performance improvement as 

the rate of the multistage quantizer increases from 24 bits/frame to 28 

bits/frame. Figures 5.14 and 5.15 compare the effects of training the co- 

debook using a spectral distortion measure or using the perceptually- 

weighted MSE used on the test data. The SD-trained codebook outper- 

formed the PWMSE-trained codebook in most cases. Figure 5.16 com- 

pares different number of trajectories used for multistage VQ. No 

appreciable difference is noted. 
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Table 5.7: Speech Coder Performance in AWGN 

VO Type LPC Codebook Size Vector | Eb/No BER SD (dB) | 2-4dB Outliers | >4c8 Outiors 
Coefficient Size (dB) (%) (%) 

SCALAR RC 6554444333 | 10x1 6 9.1640-03 | 0.54 2.90 0.16 
8 1.9600-03 [0.37 0.58 0.13 
10 | 1.1876-04 | 0.33 0.0 0.0 
20 0 0.33 0.0 0.0 

va DISP | 1194 451 6 8.8980-03 | 2.28 23.28 1521 
8 1.5470-03 | 1.91 20.37 10.47 

va DLSP | 1212 46 6 8.899e-03 | 2.16 22.04 14.13 
8 1.5470-03 | 1.77 19.43 10.44 
10 | 1.301e-04 | 1.84 19.05 15.24 

MSVQ ASR | 6666 10 6 8.899e-03 | 1.75 21.30 6.99 
8 1.5476-03 | 1.58 19.94 5.80 
10 | 1.4690-04 | 1.54 19.82 5.39 

MSvVQ ASR | 7766 10 6 9.097e-03 | 1.98 25.23 9.91 
8 1.5530-03 | 1.84 24.70 8.01 
10 | 1.4490-04 | 1.82 24,25 7.89 

MSVO LAR 6666 10 6 8.899e-03 | 1.99 36.54 6.92 
8 1.5470-03 | 1.94 35.93 589 
10 | 1.469e-04 [~1.90 35.48 5.45 

MSVG LAR 7766 10 6 9.097e-03 | 2.62 31.89 21.50 
8 1.553e-03 | 2.48 31.60 19.77 
10 | 1.4490-04 | 2.41 32.37 18.65 

Ve) DISP__| 6666SDw 10 6 8.899e-03 | 2.04 27.70 9.95 
1.547e-03 | 2.05 32.69 10.70 

10 | 1.4690-04 | 2.00 27.19 9.83 
MSVQ DISP | 6666 SDpw 10 6 8.8990-03 | 2.13 27.38 11.80 

1.5470-03 | 2.08 25.42 12.34 
10 | 1.469e-04 [2.05 25.32 11.63 

MSVQ DISP | 7766 SDpw 10 6 8.5970-03 | 2.21 25.74 14.69 
8 1.553e-03 | 2.10 24.71 13.52 
10 | 1.449e-04 | 2.05 23.86 12.88 

Msva DLSP | 6666 M=10 pw 10 6 8.8990-03 | 2.36 25.10 17.67 
8 1.547e-03 | 2.30 22.39 1721 
10 | 1.4690-04 | 2.27 22.32 16.95 

MSvVG DLSP | 6666M-5 pw 10 6 8.899e-03 | 2.36 24.35 18.47 
8 1.547¢-03 | 2.31 22.47 1788 
10 | 1.4690-04 | 2.28 22.41 17.62 

MSva DLSP | 6666 M=5 SDw 10 6 8.8990-03 ] 1.98 24.45 10.10 
8 1.5470-03 | 1.93 23.29 9.52 
10 | 1.4690-04 | 1.90 22.90 9.16 

MSVQ DLsP | 7766 pw 10 6 9.097e-03 | 2.15 20.94 15.23 
8 1.5530-03 | 2.05 20.69 13.84 
10 | 1.449e-04 | 2.02 19.90 13.46 

MSVQ DUSP [| 7766 SDpw 10 6 9.097-03 | 1.99 21.54 12.95 
8 1.553e-03 | 1.88 20.24 828 
10 | 1.4490-04 | 1.86 20.05 11.55 

MSVQ Disp” | 7777 pw 10 6 9.083e-03 | 2.15 24.35 14.15 
8 1.624e-03 | 2.00 23.90 12.37 
10 | 4.4290-04 | 1.98 23.35 12.10 
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Table 5.8: Speech Coder MOS Performance In AWGN 

VQ Type LPC Codebook Size Vector Eb/No BER MOS 

Coefficient Size (dB) 
SCALAR RC 6554444333 10x1 6 9.164e-03 3.87 

8 1.960¢-03 4.00 

10 1.187e-04 4.50 

VQ DISP 1194 451 6 8.898e-03 2.37 

8 1.547e-03 3.50 

VQ DLSP 12 12 46 6 8.899e-03 2.50 

8 1.547¢-03 3.07 

MSVQ DLSP 6666 Mc5 pw 10 6 8.899e-03 2.00 

8 1.5470e-03 2.00 

10 1.469e-04 1.69 
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Figure 5.8: IS-54 in AWGN 
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Figure 5.9: Comparison Split-VQ@ and MSVQ@ for AWGN 
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Figure 5.10: LP Coefficient Comparison for MSVQ 24 Bits/Frame for 

AWGN 
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Figure 5.11: LP Coefficient Comparison for MSVQ 26 Bits/Frame for 
AWGN 
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Figure 5.12: WMSE vs. PWMSE for DISP MSVQ 24 Bits/Frame for AWGN 
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Figure 5.13: MSVQ@ DLSP PWMSE in AWGN 
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Figure 5.14: Spectral Distortion Trained 24 Bits/Frame in AWGN 
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Figure 5.15: Spectral Distortion Trained 26 Bits/Frame in AWGN 
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Figure 5.16: MSVQ ML-Search Comparison in AWGN 

  

Chapter 5 - Performance of Voice Coders in Wireless Environments Page 116



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

5.4.2. Flat Rayleigh Fading 

Flat Rayleigh fading can be used to model the bursty fading effects 

of the mobile channel. E,/N, values of 10, 20, and 30 dB are used ata 

mobile speed of 100 kph in the flat fading profile. Vehicle speed affects the 

duration of the fade error bursts, which in turn determines the depth of 

the interleaver required. 

Table 5.9 shows how different vector quantizers used to quantize the 

LPC parameters can affect the performance of speech coders in flat Ray- 

leigh fading. The IS-54 quantizer is significantly affected by flat fading at 

10 dB E,/No. The multistage quantizers also outperform the split-VQ 

quantizers at 10 dB but fall off at 20 dB. For split-VQ, the DLSP appears 

more resistant to fading than the DISP. ASR outperformed LAR. For MS- 

VQ, increasing the bit rate still increases performance. There is a large 

jump between 24 and 26 bits/frame. This might suggest that 24 

bits/frame is a little too small to handle this particular bursty error 

channel. 

Table 5.10 provides the MOS scores for select quantizers. All but 

the IS-54 quantizer suffer terribly under flat fading 10 dB E,y/N>. The 

MSV@ actually outperforms the DISP split-VQ method at 10 dB. This 

might suggest that MSV@Q@ can handle burst errors more effectively than 

split-VQ. The results from Table 5.11 would support this idea. At 20 dB, 
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the IS-54 quantizer is virtually unaffected, while the split-VQ methods 

show a slight decrease. 

Figures 5.17 through 5.25 correspond to Figures 5.8 through 5.16 

in the AWGN case. Figure 5.17 illustrates the profound effect 10 dB flat 

fading has on the IS-54 quantizer. Figure 5.18 shows how the MSVQ 

quantizer is more resistant to harsh bursts of errors. For split-VQ, DLSP 

appears to be more resistant than DISP. Figures 5.19 and 5.20 compare 

the different LPC coefficient representations for MSVQ at 24 and 26 

bits/frame. Figure 5.21 compares perceptually-weighted MSE with 

weighted MSE. PWMSE appears more resistant to burst errors. Figure 

5.22 shows how MSVQ performs at different bit rates. 24 bits/frame has 

a significantly worse performance suggesting that 25 or 26 bits/frame 

should be used in this type of channel. Figures 5.23 and 5.24 illustrate 

the effects of training the codebook with a spectral distortion measure 

versus using perceptually-weighted MSE for both training and testing. 

The SD-trained codebooks perform significantly better for all levels of flat 

fading. Figure 5.25 compares different number of trajectory paths for 

MSV@Q using the ML-search to improve performance. Not much improve- 

ment is shown. 
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Table 5.9: Speech Coder Performance in Flat Raylelgh Fading (100kph) 

VQ Type LPC Codebook Size Vector Eb/No BER SD (dB) 2-4d0B Outliers >4dB Outliers 

Coefficient Size (dB) __(%) (%) 

SCALAR AC 65854444333 10x41 10 3.430¢e-02 0.90 8.02 1.78 

20 2.038e-03 0.39 0.70 0.0 

30 5.9330-05 0.33 0.0 0.0 

vQ DISP 194 451 10 3.2676-02 3.19 26.76 24.86 

20 1.123e-03 1.88 22.00 10.01 

VQ DLSP 12 12 46 10 3.2646-02 3.03 24.29 25.12 

20 1.123003 1.78 18.78 10.92 

MSVQ ASR 6666 10 10 3.2316-02 2.19 25.67 12.58 

20 1.123¢-03 1.57 19.66 5.76 

MSVQ ASR 7766 10 10 3.333e-02 2.56 28.42 17.62 

20 1.1088-03 1.86 24.77 830 

MSVG LAR 6666 10 10 3.3200-02 2.33 36.64 13.04 

20 1.1236-03 1.90 35.06 §.72 

MSVQ LAR 7766 10 10 3.2330-02 2.89 34.32 24.72 

20 1.108e-02 2.40 31.02 18.97 

MSVQ DISP 6666 SDw 10 10 3.3106-02 2.45 29.60 16.21 

20 1.1236-03 2.01 27.35 10.07 

MSVQ DISP $66 6 SDpw 10 10 3.2620e-02 2.36 28.69 16.26 

20 1.123¢e-03 2.05 25.73 11.63 

MSVQ DIsP 7766 SDpw 10 10 3.3100-02 2.44 27.12 18.72 

20 1.1086-03 2.05 23.55 13.02 

MSVQ DLSP 666 & Mel0 pw 10 10 3.2696-02 2.63 25.46 21.48 

20 1.123¢6-03 2.28 22.68 17.07 

MSVQ DLSP 666 6 M=5 pw 10 10 3.262e-02 2.62 26.40 21.45 

20 1.123¢e-03 2.29 22.71 17.84 

MSVQ DLEP 666 6 M=5 SOw 10 10 3.270802 2.18 23.61 13,49 

20 1.123¢e-03 1.90 22.86 9.16 

MSVQ DLEP 7766 SDpw 10 10 3.3430-02 2.28 23.65 16.86 

20 1.108e-03 1.86 20.32 11.68 

MSVQ DLSP 7766 pw 10 10 3.2620-02 2.45 26.04 18.56 

20 1.1088-03 2.04 20.66 13.45 

MSVQ OLSP 7777 pw 10 10 3.2720-02 2.41 26.30 18.59 

20 1.652¢e-03 2.08 23.61 13.22 

Table 5.10: Speech Coder MOS Performance in Flat Rayleigh Fading (100kph) 

VQ Type LPC Codebook Size Vector Eb/No BER MOS 
Coefficient Size _(dB) 

SCALAR RC 6554444333 10x1 - 10 3.4300-02 2.64 

; 20 2.038¢-03 3.95 

va DISP 1194 451 10 3.267¢-02 1.25 

20 1.123¢-03 3.38 

va DLSP 12 12 46 10 3.2640-02 1.67 

20 1.123¢-03 3.36 

MSVQ DLSP 6666 Mx5 pw 10 10 3.2310-02 1.33 

20 1.1230-03 2.43 
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Figure 5.17: IS-54 in Flat Rayleigh Fading 
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Figure 5.18: Comparison Split-VQ and MSV@Q for Flat Rayleigh Fading 
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Figure 5.19: LP Coefficient Comparison for MSVQ 24 Bits/Frame for Flat 
Rayleigh Fading 
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Figure 5.20: LP Coefficient Comparison for MSVQ 26 Bits/Frame for Flat 

Rayleigh Fading 
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Figure 5.21: WMSE vs. PWMSE for DISP MSVQ 24 Bits/Frame for Flat 

Rayleigh Fading 
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Figure 5.22: MSVQ DLSP PWMSE in Flat Rayleigh Fading 
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Figure 5.23: Spectral Distortion Trained 24 Bits/Frame in Flat Fading 
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Figure 5.24: Spectral Distortion Trained 26 Bits/Frame in Flat Fading 

  

Chapter 5 - Performance of Voice Coders in Wireless Environments Page 123



Vector Quantization Applied to Speech Coding in the Wireless Environment 

  

3.00 

  

2.00 

1.50 

SD
 

(d
B)
 

1.00 

0.50   
  0.00 

10 20 30 

Eb/No (dB) 

Figure 5.25: MSVQ ML-Search Comparison in Flat Rayleigh Fading 

5.4.3. Two-Ray Rayleigh Fading 

A two-ray Rayleigh fading model models both the amplitude fading 

and time dispersion of the mobile channel. Coherent combination of two 

independently faded rays generates a fading envelope. This fading model 

provides a simple multipath propagation environment. The NADC stan- 

dard was developed using a two-ray model. There is significant contro- 

versy whether this model led to inadequate equalizer designs, but it 

should be adequate for development of speech coder designs which de- 

pend only on the bit error statistics rather than the underlying channel 

model. 
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Tables 5.11 through 5.14 illustrate how vector quantizers can affect 

the performance of vocoders in two-ray Rayleigh fading. All profiles use 

100 dB Ep/N, (corresponding to high channel signal-to-noise ratio) at a 

mobile speed of 100 kph. Carrier-to-Delayed component ratios (C/D) of 

10, 20, 30, and 40 dB are examined. Tables 5.11 and 5.12 correspond to 

a t/T =0.154 and Tables 5.13 and 5.14 correspond to a t/T=0.539, where 

t/T is the delay spread divided by the symbol duration. The delay spread 

is the second central moment of the average power delay profile of the 

physical channel. In this case, it corresponds to how far in delay the two 

rays are from each other. The larger the delay spread, the more detri- 

mental the channel. The latter of the two delay spreads is a far harsher 

environment since the delay spread is larger and produces significantly 

more errors. Tables 5.12 and 5.14 provide the MOS results for the two-ray 

Rayleigh fading model. For DISP, 3-stage Split-VQ 11/9/4, 20 dB C/D 

also is tested without error correction to demonstrate the positive effect of 

forward error correction (FEC). 

The smaller delay spread causes no errors that could not be cor- 

rected at 20 dB C/D. Split-VQ appears more affected by 10 dB C/D than 

any of the other quantizers. For split-VQ@, DLSP performs better from a 

spectral distortion viewpoint, but DISP yielded a higher MOS score. How- 

ever, the MOS score differences are easily within the error of the testing. 
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IS-54 is barely affected for SD and is virtually the same from MOS. For 

MSVQ, DLSP outperforms DISP for the 26 bits/frame SDpw and the 24 

bits/frame SDw cases. For MSVQ DLSP, there is still a large performance 

jump between 24 and 26 bits/frame. 

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

  

Table 6.11: Speech Coder Performance in 2-Ray Rayleigh Fading (100kph) 7T=0.154 

VQ Type LPC Codebook Size Vector c/D BER SD (dB) | 2-4d8 Outliers | >4dB Outliers 
Coefficient Size (dB) (%) (%) 

SCALAR RG 6554444333 10x1 10 3.497¢-03 0.41 0.67 0.0 

20 0 0.33 0.0 0.0 

va DISP 1194 451 10 3.4176-03 2.13 21.60 13.60 

20 0 1.76 20.36 8.87 

va DLSP 12 12 pw 46 10 3.852e-03 2.01 19.22 13.40 

20 0 1.48 18.36 5.19 

MSVQ ASA 6666 10 10 3.417803 1.75 20.42 8.62 

20 0 1.54 19.67 §.35 

MSVQ ASA 7766 10 10 3.370e-03 1.93 25.83 9.42 

20 0 1.82 24.06 7.96 

MSVQ LAR 6666 10 10 3.4178-03 2.10 34.28 8.95 

20 0 1.90 35.60 6.41 

MSVQ LAR 7766 10 10 3.3700e-03 2.44 31.84 19.03 

20 0 2.40 32.64 18.50 

MSVQ DISP 6666 SDw 10 10 3.4176-03 2.27 28.02 12.64 

20 0 2.00 27.25 9.75 

MSVQ Disp 66 6 6 SDow 10 10 3.4178-03 2.22 26.90 14.52 

20 0 2.04 25.32 11.53 

MSVQ Olsp 7766 SDpw 10 10 3.37008-03 2.09 24.60 13.10 

20 0 2.02 23.56 11.40 

MSVQ DLSP 666 6 Ma10 pw 10 10 3.4178-03 2.42 24.77 18.77 

20 0 2.26 22.15 16.82 

MSVQ DLSP 666 6 MaS pw 10 10 3.4176-03 2.42 24.05 19.21 

20 0 2.26 22.24 17.48 

MSVQ DLSP 666 6 Mn5 SOw 10 10 3.4176-03 2.08 23.89 12.08 

20 0 1.89 22.72 9.08 

MSVQ DLSP 7766 &Dpw 10 10 3.3700e-03 1.88 20.78 11.75 

20 0 1.85 19.89 11.45 

MSVQ DLSP 7766 pw 10 10 3.3700e-03 2.08 20.38 14.52 

20 0 2.01 19.75 13.34 

MSVQ DLUsP 7777 pw 10 10 3.3256-03 2.04 24.13 13.20 

20 0 1.98 23.17 12.00                     
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Table 6.12: Speech Coder MOS Performance In 2-Ray Rayleigh Fading (100kph) v/T=0.154 

VQ Type LPG Codebook Size Vector C/D (dB) BER MOS 
Cootticient Size 

SCALAR RC 6854444333 10x1 10 3.4970-03 4.20 

20 Qo 3.93 

va DISP 1194 451 10 3.4170-03 2.76 

20 o 3.74 

va OLSsP 12 12 pw 46 10 3.8520-03 2.69 

20 0 3.63 

MSVQ DLSP 6666 M«5 pw 10 10 3.417¢-03 1.73 

20 0 2.00                   
Figures 5.26 through 5.34 correspond to Figures 5.8 through 5.16 

in the AWGN case for two-ray Rayleigh fading with a t/T=0.154. Figure 

5.26 shows how resistant IS-54 is to low delay spreads. Figure 5.27 dem- 

onstrates the different performances between split-VQ and MSVQ. While 

split-VQ performs better, MSVQ is flatter and less affected by the burst 

errors. Figures 5.28 and 5.29 provide comparisons of the different linear 

prediction coefficient representations at 24 and 26 bits/frame for MSVQ. 

In the 26 bits/frame case, ASR is the only representation that seems more 

than minorly affected by low delay spread fading. Figure 5.30 shows a 

comparison between perceptually-weighted MSE and weighted MSE. 

PWMSE appears more robust to the error conditions. Figure 5.31 illus- 

trates the leap in performance between 24 bits/frame and 26 bits/frame 

for MSVQ with DLSP. Figures 5.32 and 5.33 demonstrate the advantages 

of using spectral distortion to train the codebooks for DLSP MSVQ at 24 

and 26 bits/frame. Figure 5.34 little improvement in performance for ad- 

ditional trajectory paths for DLSP MSV@Q at 24 bits/frame. 
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Figure 5.26: IS-54 in 2-Ray Rayleigh Fading, t/T=0.154 
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Figure 5.27: Comparison Split-VQ and MSV@Q for 2-Ray Rayleigh Fading, 
t/T=0.154 
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Figure 5.28: LP Coefficient Comparison for MSVQ 24 Bits/Frame for 
2-Ray Rayleigh Fading, t/T=0.154 
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Figure 5.29: LP Coefficient Comparison for MSVQ 26 Bits/Frame for 
2-Ray Rayleigh Fading, t/T=0.154 
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Figure 5.30: WMSE vs. PWMSE for DISP MSVQ 24 Bits/Frame for 2-Ray 
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Figure 5.31: MSVQ DLSP PWMSE in 2-Ray Rayleigh Fading, t/T=0.154 
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Figure 5.32: Spectral Distortion Trained 24 Bits/Frame in 2-Ray 
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Figure 5.33: Spectral Distortion Trained 26 Bits/Frame in 2-Ray 
Rayleigh Fading, t/T=0.154 
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Figure 5.34: MSVQ ML-Search Comparison in 2-Ray Rayleigh Fading, 
t/T=0.154 

Table 5.13 provides spectral distortion results for the larger delay 

spread channel. Even the IS-54 quantizer breaks down at 10 dB C/D for 

this harsh channel. Split-VQ performs well to 20 dB, but falls off sharply 

at 10 dB. MSVQ fares much better than split-VQ at 10 dB C/D. Of the 

four coefficient representations for MSVQ, DLSP demonstrates the best 

resistance to this damaging channel. For MSVQ, DLSP outperforms DISP 

at 24 bits/frame for SDw and 26 bits/frame for SDpw. The number of 

trajectories has little affect for DLSP MSVQ. The 24 bits/frame DLSP 

MSV@Q is still significantly more distorted than the 26 bits/frame case. It 
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is interesting to note that the 26 bits/frame case surpasses the 28 

bits/frame case at 10 dB C/D. This may be due to the slightly higher BER 

experienced by the 28 bits/frame case. 

Table 5.14 provides MOS results for the larger delay spread two-ray 

Rayleigh fading channel. All of the quantizers sampled did not provide a 

satisfactory speech sample for the 10 dB C/D case for t/T=0.539. For this 

harsh channel, the DLSP split-VQ outperforms the DISP case for MOS 

scores. At 10 dB C/D, the DLSP split-VQ performed about as well as the 

IS-54 codec. Considering that the split-VQ is not fully trained, this is 

significant. It is interesting to note the positive effects of error protection. 

At 20 dB C/D, the DISP split-VQ yields a MOS score of 3.04 with protec- 

tion and only 2.00 without. The MSVQ case produces unacceptable 

speech in this channel. 

Figures 5.35 through 5.43 correspond to the graph sequence for the 

larger delay spread for the two-ray Rayleigh fading case. In Figure 5.35, 

10 dB C/D detrimentally affects the IS-54 vocoder. In Figure 5.36, the 

MSV@Q outperforms the split-VQ methods for 10 dB C/D. This further 

reinforces the theory that MSVQ is more robust to error conditions than 

split-VQ. In Figures 5.37 and 5.38, the DLSP is more resistant to the 

harsh, 10 dB C/D conditions when compared to the other coefficient rep- 

resentations at 24 and 26 bits/frame, respectively. In Figure 5.39, 
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weighted mean squared error and perceptually-weighted mean squared 

error perform about the same for 24 bits/frame MSVQ. Figure 5.40 illus- 

trates the large improvement in DLSP MSVQ between 24 and 26 

bits/frame. Figures 5.41 and 5.42 demonstrate that spectral distortion- 

trained codebooks perform better for DLSP MSV@Q at frame rates of 24 and 

26 bits. Figure 5.43 shows little improvement for larger number of tra- 

jectories for DLSP MSV@Q at 24 bits/frame. 
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Table 5.13: Speech Coder Performance in 2-Ray Rayleigh Fading (100kph), 7/T=0.539 

VQ Type LPG Codebook Size Vector | C/D (dB) BER SD (dB) ] 2-4dB Outliers [ >4dB Outliers 
Coetticient Size (%) (%) 

SCALAR AC 6654444333 10x1 16 §.2068-02 ; 1.01 9.24 3.86 

20 2.71298-03 | 0.40 0.92 0.0 

30 0 0.33 0.0 0.0 

40 2.593e-04 | 0.33 0.11 0.0 

va DISP 1194 451 10 4,930e-02 | 3.34 24.25 28.47 

20 2.645e-03 1.93 20.96 10.74 

30 0 1.77 20.52 894 

20 1.4386-02 | 2.04 24.97 10.87 

(No FEC) 
va DLSP 12 12 46 10 §.191e-02 | 3.16 23.40 24.11 

20 2.7350-03 | 1.84 20.19 11.23 

MSVQ ASR 6666 10 10 4.866e-02 | 2.20 22.26 11.73 

20 2.645e-03 | 1.62 20.93 6.09 

MSVQ ASR 7766 10 10 §.0236-02 | 2.42 28.64 16.31 

20 2.826e-03 | 1.87 24.96 8.07 

MSVQ LAR 6666 10 10 4,9026-02 | 2.24 37.27 10.39 

20 2.645e-03 | 1.92 35.80 5.36 

MSVQ LAR 7766 10 10 4.9786-02 | 2.85 32.61 25.35 

20 2.8266-03 | 2.45 33.47 18.54 

MSVQ DISP 6666SDw 10 10 4.9596-02 | 2.20 29.90 11.87 

20 2.645e-03 | 2.01 27.29 9.83 

MSVQ DISP 66 6 6 SDpw 10 10 §.049e-02 | 2.22 28.42 13.13 

20 2.645e-03 | 2.05 25.16 11.50 

MSVQ DISP 7766 SDpw 10 10 §.063e-02 | 2.32 28.12 18.75 

20 2.8266-03 | 2.06 23.95 13.25 

MSVQ DLSP 66 6 6 M=10 pw 10 10 §.017e-02 | 2.57 25.00 20.65 

20 2.6458-03 | 2.30 22.47 17.32 

MSVQ DLSP 66 6 6 M=5 pw 10 10 2.961e-02 | 2.57 25.34 21.02 

20 2.645e-03 | 2.30 22.53 17.99 

MSVQ DLSP 6666 M=5 SDw 10 10 4.945e-02 | 2.06 24.68 11.54 

20 2.645e-03 | 1.91 23.00 9.16 

MSVQ DLSP 7766 SDpw 10 10 5.0866-02 | 2.21 24.25 15.71 

20 2.8260e-03 | 1.86 20.24 11.55 

MSVQ DLSP 7766 pw 10 10 4.9800e-02 | 2.29 26.43 15.35 

20 2.8260-03 | 2.04 20.13 13.50 

MSVQ OLSP 7777 pw 10 10 5.0210-02 | 2.38 26.32 17.91 

20 2.9500-03 | 2.04 23.92 12.35 
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Table 5.14: Speech Coder MOS Performance in 2-Ray Rayleigh Fading (100kph), 7/T=0.539 

VQ Type LPC Codebook Size Vector C/D (dB) BER MOS 
Coefficient Size 

SCALAR RC 6554444333 10x1 10 5.2066-02 2.19 

20 2.7128-03 4.11 

VQ DISP 1194 451 10 4.930e-02 1.70 

20 2.645e-03 3.04 

20 1.438¢e-02 2.00 

(No FEC) 

VQ DLSP 1212 46 10 5.191e-02 2.07 

20 2.7356-03 3.18 

MSVQ DLSP 6666 M=5 pw 10 10 2.961e-02 1.44 

20 2.645¢e-03 2.44 
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Figure 5.35: IS-54 in 2-Ray Rayleigh Fading, t/T=0.539 
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Figure 5.36: Comparison Split-VQ and MSVQ for 2-Ray Rayleigh Fading, 
t/T=0.539 

  

  

  

1.50 

SD
 
(d
B)
 

1.00 

0.50   
  0.00 

10 20 30 

C/D (dB) 

Figure 5.37: LP Coefficient Comparison for MSVQ@ 24 Bits/Frame for 

2-Ray Rayleigh Fading, t/T=0.539 
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Figure 5.38: LP Coefficient Comparison for MSVQ 26 Bits/Frame for 
2-Ray Rayleigh Fading, t/T=0.539 

  

  

150 

SD
 

(d
B)

 

1.00 

0.50   
  0.00 

10 20 30 

C/D (dB) 

Figure 5.39: WMSE vs. PWMSE for DISP MSV@ 24 Bits/Frame for 2-Ray 
Rayleigh Fading, t/T=0.539 
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Figure 5.40: MSVQ DLSP PWMSE in 2-Ray Rayleigh Fading, t/T=0.539 
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Figure 5.41: Spectral Distortion Trained 24 Bits/Frame in 2-Ray 
Rayleigh Fading, t/T=0.539 
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Figure 5.42: Spectral Distortion Trained 26 Bits/Frame in 2-Ray 
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Figure 5.43: MSVQ ML-Search Comparison in 2-Ray Rayleigh Fading, 
t/T=0.539 
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5.4.4. SIRCIM-Based Indoor Fading 

As a final channel model, we examine the performance using 

SIRCIM-generated channel models [Sei89]. SIRCIM-generated indoor fad- 

ing profiles are used to provide a more accurate, statistically-based 

channel model to corrupt the speech. The channel impulse response files 

were generated for 25 meter transmitter-receiver separation, fully ob- 

structed from line-of-sight, and a mobile speed of 1 m/s. This speed is 

chosen to simulate a person walking. Table 5.15 contains data for the 

indoor fading examples. Both quantizers are barely affected by the indoor 

fading generated by this profile. Figure 5.44 illustrates the relative per- 

formance of the spectral distortions. 

  

Table 5.15: Speech Coder Performance in Indoor Environment 
  

  

  

  

                    
  

  

VQ Type LPC Codebook Size Vector | Eb/No BER SD (dB) | 2-4d8 Outilers | >4dB Outilers 
Coetliciort Size (dB) (%) (%) 

SCALAR RC 6554444333 | 10x1 10 1.1138-03 | 0.36 0.20 0.0 
20 0 0.33 0.0 0.0 

va DISP 1194 451 10 1.822e-03 | 1.88 20.97 10.71 
20 0 1.76 20.36 8.87 
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Figure 5.44: SIRCIM-based Indoor Obstructed Environment 

5.5. Summary 

This chapter has examined objective and subjective speech quality 

measures for a variety of vector quantizers in various channel models. 

Signal-to-noise ratio and segmental signal-to-noise ratio can provide ap- 

proximate results and are useful to support other measures. However, 

spectral distortion provides a better correlation with subjective speech 

quality. 

Split-VQ, finite-state VQ and multistage VQ have all been compared. 

Of the quantizers tested, split-VQ performed the best. Finite-state VQ 

provides a possible alternative, but larger codebooks are needed with a full 

training set. Finally, multistage VQ appears to be the most robust of the 
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vector quantization methods tested. 

The linear prediction coefficient representations of arcsine reflection 

coefficients, log-area ratios, differential line spectrum pairs, and differen- 

tial immittance spectrum pairs have all been compared for MSVQ. Of the 

representations tested, differential line spectrum pairs provide almost the 

best performance with no corruption, and provide the best resistance to 

fading. 

When DLSP MSV@Q is subjected to corruption, a large performance 

gap can be seen between 26 bits/frame and 24 bits/frame, while 26 and 

28 bits/frame are very close under most conditions. This tends to suggest 

that 25 or 26 bits/frame may be more optimal for performance in the mo- 

bile environment. 
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6. CONCLUSIONS 

The VoCoDeR system provides a tool to allow development and test- 

ing of speech coders. The system allows vector quantizers to be developed 

and tested within a VSELP-structured vocoder in a variety of channel 

conditions. The system also allows development of error protection 

schemes. 

A variety of LPC vector quantizers were computed and tested using 

error conditions generated by the BERSIM and SIRCIM software packages 

developed at the Mobile and Portable Radio Research Group (MPRG). The 

IS-54 specification was fully modeled for source and channel coding. It 

performed well under a variety of adverse channel conditions. Due to 

limited compute time, undersized training sets were used and yielded less 

than toll-quality performance. 

Of the vector quantization methods tested, split-VQ provided the 

best subjective quality. However, multistage VQ provides significant re- 

sistance to the channel conditions tested compared to split-VQ. Also note 

that the multistage quantizers were trained on a significantly smaller 

training set than the finite-state VQ or the split-VQ. 

Of the coefficient representations, line spectral pairs performed the 

best. Log area ratios performed the worst. While [Bis93] claimed in- 
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creased performance for immittance spectral pairs for scalar quantization, 

the results presented in Chapter 5 seem to indicate that the gain term 

disturbs the sample correlations that vector quantization utilizes to obtain 

better performance than scalar quantization. 

Of the distortion measures, perceptually-weighted mean-squared 

error (PWMSE) performed the best. A surprising increase in performance 

was yielded when the codebook was trained using spectral distortion as 

the distortion measure but tested using PWMSE for the speech coding. 

In general, the male speech files sounded better than the female 

speech files. From the objective measures, the male speakers produced 

lower spectral distortion, but the female speakers produced lower signal- 

to-noise ratios. This illustrates that none of these distortion measures can 

singly provide an accurate meter of the subjective quality. Many different 

measures in tandem can provide a more accurate vantage of the 

performance. 

The channel coding schemes modeled after the IS-54 specification 

performed well and reduced the bit error rate from two to ten times if it 

didn’t remove all errors. While there might be more optimal coding 

schemes, these tools have the capability to examine the problem. 

This thesis has described the VoCoDeR system and provided exam- 

ples as to how the tools may be utilized. 
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6.1. Future Work 

These tools provide the framework for a great deal of work in the 

field of speech coding. There is also a great deal of additional functionality 

that could be added to the software. The current trend in LPC-based 

speech coders is to take advantage of the silent periods in speech. Voice 

Activity Detection (VAD) could be implemented to study algorithms for de- 

termining the onset and offset of speech. This also relates to variable-rate 

speech coders, since the bit rate would decrease during periods of silence. 

Also, different methods of modeling speech are becoming more prev- 

alent in attempts to maintain high speech quality at low to very-low speech 

rates (under 4kbps). One suggested method that is showing promise is 

prototype waveform interpolation [Kle93]. This method generates smooth- 

ly varying pitch waveforms in an attempt to reduce the distortion intro- 

duced by CELP-type speech coders during excitation generation. 

The channel coding section could be expanded to allow more types 

of error correction and detection. Block error correcting and detecting 

codes could easily be implemented to study their applicability to speech 

coding. Their performance in the wireless channel could also be explored. 

Implemented features of the software could be expanded upon to 

provide more optimal generation of some of the parameters. For example, 

frame lag trajectory [GeI92] has been suggested to significantly improve 
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the performance of delta-encoded lags. Furthermore, voicing modes allow 

the excitation codebooks to be tailored to different types of speech. For 

example, one codebook could be used for low energy speech and others 

could be used for higher energy, allowing similar vector sequences to be 

grouped. In addition, trellis-coded quantization could be provided in an 

attempt to study the effects of interframe correlation on parametric 

quantization. 

An important aspect of real-life speech coders is their performance 

within the current telephony system. Frequently, the speech will be en- 

coded in the phone, sent to the base station where it will be converted into 

64 kbps PCM speech and sent to the call’s destination where it may be 

recompressed and sent out to another phone. The performance of the 

vocoder in tandem can greatly affect the acceptability of the speech coding 

standard. Tools could be implemented to test the performance of speech 

coders in tandem to study these effects. 
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APPENDIX A: SOFTWARE DOCUMENTATION 

All programs can be found from the ~rmorgen/work directory. The 

directories used are the ug, vselp, vquant, and vocoder directories. The vg 

directory contains the VQ program that will input speech files and gener- 

ate a vector quantizer codebook as stipulated in the input parameters. 

The vselp directory contains the VoCoDeR program and will actually per- 

form the speech encoding and decoding. A tar’ed and gzip’ed version of the 

C source code provided by Motorola is also available as: vselpTar.z. The 

vquant directory contains older vector quantizer codebook generation pro- 

grams that read files of the appropriate coefficient as input, instead of 

speech files. These programs are more general in nature and are not lim- 

ited to speech quantizers. They also include a SGVQ generator program 

and a Tree-Structured Multi-Stage VQ generator program, that have yet to 

be integrated into the new VQ program. The vocoder directory contains 

the source code and executables for the IS-54 vocoder developed by Bhus- 

han Rele [Rel93]. Many improvements have been made to this source code 

to remove errors and decrease computation time tremendously. This pro- 

gram still has some problems, so the VSELP source code provided by 

Motorola, Inc. was used to build the VoCoDeR system. 
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A.1. VQ Program 

The VQ program generates the vector quantizer codebooks given an 

input speech file. To execute the program, type the following from the 

~rmorgen/work/vugq directory: 

vq <general parameter file> 

The general parameter will contain the file path of the system parameter 

file as described in Chapter 4. There are a variety of pregenerated general 

parameter files. Files exist for the various distortion measures used. 

These include: 

mse.prm 

pwmse.prm 

sd.prm 

When running the program, make sure to modify the InputFile:, Output, 

and VocoderParm: parameters according to the codebook being generated. 

The other parameters can be adjusted as needed. The input file can cur- 

rently either be a .au file or a 16-bit raw data sample as generated by most 

DSP boards. The program will identify the .au extension and handle the 

input accordingly. For the output file, the current naming convention 

used is: 

<Coefficient representation>.<VQ Type><# codebooks>vq<Size of 
codebooks | total bits used for uneven sized codebooks>[m<#trajectories>] 
<distortion measure>.<input training sequence> 

An example is: Isp.ms4vuq6m5pw1.mf2 where Isp refers to non- 
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differentially encoded line spectrum pairs, and ms is for multi-stage VQ. 

This codebook has 4 6-bit codebooks using 5 trajectories and uses 

PWMSE for a distortion measure. The training set used is the reduced 

Male/Female DAM sentences, mf2.au. The various abbreviations used 

are: 

LPC Coefficient Representations: 

ac LPC filter coefficients 

re Reflection Coefficients 

lar Log-Area Ratios 

asr ArcSine Reflection coefficients 

Isp Line Spectrum Pairs 

disp Differential Line Spectrum Pairs 

isp Immittance Spectrum Pairs 

disp Differential Immittance Spectrum Pairs 

VQ Types: 
svq_ Split-VQ 

msvq Multi-Stage VQ 

fsvq Finite-State VQ 

Distortion Measures: 

wl Weighted MSE 

pwl Perceptually Weighted MSE 

pw2 Alternate fixed weighting for PWMSE 

SD Spectral Distortion 

If you wish to perform Pseudo-Gray coding, this is the file to modify 

with how many iterations you wish to run. Generally, 12 bit codebooks 

will need more than 100000 iterations to converge. If you stipulate ON, 

the program will assume a default value of 100000. If the algorithm con- 
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verges, it will stop and move to the next codebook to reorder. Also, this 

program stipulates the amount of outlier weighting performed. This is a 

method whereby the distortion measure is weighted by a power of the 

spectral distortion in an attempt to reduce the outliers which degrade 

speech the most. This parameter should be zeroed when using spectral 

distortion, since the distortion measure is already spectral distortion. The 

last parameter in this file is the maximum number of iterations run for the 

generator. This allows methods that do not converge to have an ending 

point whereby the lowest distortion quantizer generated so far is stored to 

file. For convergent methods, this parameter is ignored. 

There are also pregenerated files for various vector quantization 

types for the system parameter file. These include: 

sys_parm.vq 

syS_parm.msuq 

sys_parmfsvq 

For each codebook generation, make certain that the system parameter 

file contains the correct LPC coefficient representation, vector quantization 

method, codebook sizes, vector sizes, and distortion weighting. The sys- 

tem parameter file also controls the framing sizes. If different frame sizes 

or different number of subframes are desired, this is the file to modify. For 

MSVQ, this file also controls the number of trajectories searched as de- 

scribed in Section 3.4.4. 
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To recompile, just type: make vq. 

Program Files: 

autohf.c - LPC analysis with high frequency compensation 

b_con.c - constructs basis vectors 

calcp.c - calculates parameters 

codebook.c - generates split-VQ codebooks 

cor.c - computes correlations 

durbin.c - Levinson-Durbin algorithm 

fft.c - computes FFT and computes spectral distortion 

filt4.c - high pass filtering operation 

filters.c - synthesis filtering routines 

flatv.c - FLAT algorithm 

fscodebook.c - finite-state codebook generation 

fspace.c - frees memory 

getp.c - gets system parameters 

gray.c- gray coding 

init.c - initialization and memory allocation 

interp.c - interpolation of coefficients 

isptopc.c - ISP to LP coefficient conversion 

itakura.c - computes Itakura distance 

Isptopc.c - LSP to LP coefficient conversion 

makec.c - coefficient widening and spectral smoothing 

mscodebook.c - multistage codebook generation 

pconv.c - LP coefficient conversion routines 

pcetoisp.c - LP coefficient to ISP conversion 

pctolsp.c - LP coefficient to LSP conversion 

psgray.c - pSeudo-gray coding 

rs_ir.c - original energy computation routine 

rs_rrvl.c - updated energy computation routine 

vec_quant.c - vector quantization routines 

vector.c - vector processing routines 

vq.c - main executable 

wsrrr.c - vocoder distortion measurements 
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A.2. VoCoDeR Program 

The VoCoDeR program inputs a speech file, encodes, corrupts and 

decodes a speech file to allow evaluation of speech coding systems. To 

execute the program, type the following from the ~rmorgen/work/vuselp 

directory: 

uvselp <general parameter file> 

The general parameter will contain the file path of the system parameter 

file as described in Chapter 4. All of the comments in the previous section 

apply to the VoCoDeR program as well. In addition, other general param- 

eters are included to help model the channel coding and error conditions 

of the channel. Instead of distortion-based pregenerated general parame- 

ter files, the VoCoDeR general parameter files are based on the error 

environment to be tested. These files include: 

noerr.prm - No errors and no channel coding 

auwgn.prm - Additive white Gaussian Noise and channel coding 

ffade.prm - Flat Rayleigh fading and channel coding 

tray.prm - Two ray Rayleigh fading and channel coding 

sircim.prm - SIRCIM fading and channel coding 

tdma.prm - IS-54 vocoder arrangement 

The bit allocation files and interleaving files are described in Chapter 4. 

The general parameter file also allows for coefficient output for use of the 

older, more general VQ generator programs in the vquant directory. The 

current arrangement output speech and performance measure files into 
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the ~rmorgen/work/vuselp/outau directories. These are: 

outau/noerr - no errors 

outau/aiwgn - Additive white Gaussian noise 

outau/ {fade - Flat Rayleigh fading, 100 kph 

outau/tray/five/100 - Two-ray Rayleigh fading, t/T=0.539, 100kph 

outau/tray/one/100 - Two-ray Rayleigh fading, t/T=0.154, 100kph 

outau/sircim - SIRCIM-generated indoor fading 

The speech files are SUN .au files and the .diag files contain the perfor- 

mance measures for the speech coder tested. 

The system parameter file is expanded to include all of the parame- 

ters used in the excitation generation and the postfiltering. If fractional 

lags are desired, this is the file to modify as per Table 4.2. 

To recompile, just type: make uvselp. 

Program Files: 

autohf.c - LPC analysis with high frequency compensation 

b_con.c - constructs basis vectors 

bitstream.c - bit allocation module 

calcp.c - reads vocoder parameters 

chanmel.c - channel corruption module 

conv_code.c - convolutional coder 

cor.c - correlation routines 

cunpack0O.c - unpacks hexadecimal-encoded bits 

decorr.c - decorrelation of basis vectors routines 

durbin.c - Levinson-Durbin routines 

excite.c - excitation generation 

fec.c - forward error correction routines 

fft.c - FFT and spectral distortion routines 

filt4.c - high pass filtering operation 

filters.c - synthesis filtering routines 

flatv.c - FLAT routine 
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fspace.c - frees memory 

g_ quant.c - excitation gain quantization routine 

getp.c - gets system parameters 

gray.c - gray coding routines 

init.c - initialization and memory allocation routines 

interleave.c - interleaving routines 

interp.c - interpolation routines 

isptopc.c - ISP to LP coefficient conversion 

itakura.c - Itakura distance routines 

lag.c - long term predictor routines 

Isptopc.c - LPC to LP coefficient conversion 

makec.c - coefficient widening and spectral smoothing 

p_ex.c - combines excitation sources 

pconv.c - LP parameter conversion routines 

pctoisp.c - LP coefficient to ISP conversion 

pctolsp.c - LP coefficient to LSP conversion 

putc.c - coded bit-stream and performance information output routines 

r_sub.c - receive subroutine 

rs_tr.c - original energy computation routine 

rs_trvl.c - updated energy computation routine 

t_sub.c - transmit subroutine 

v_con.c - vector construction routines 

v_srch.c - excitation vector search routines 

vec_quant.c - vector quantization routines 

vselp.c - main executable 

wsrrr.c - vocoder distortion measurement routines 

A.3. How to Play Speech on a SUN Workstation 

SUN provides two programs to play .au soundfiles. These programs 

are soundtool and audiotool. Soundtool provides a visual representation of 

the waveform. Audiotool provides a menu-driven load routine. To play 

speech, start the program of your choice. The volume level and output 
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source should be set as desired. The file can now be loaded and played 

back. Both of these programs allow one to clip out and save portions or all 

of the speech back to a .au file. 
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