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1. IntrodUCtion  

The transmission of digitized voice is most frequently achieved using-PCM 
.coding of the signal. In applications where the bit rate is low or where a 
noisy channel introduces frequent bit errors, the voice signal is often 
coded using delta modulation. Both.coding  formats are  now employed in 
existing systeMià. Conversion must be done.by -decoding to an analog voice . 
signal then recoding in the other. format. Theobjective of this.work is to 
research and recommend a totally digital . solution 4o the interfacing of . PCM .  
and Delta Modulation systems. SpecificallY, it is intended to interface 
standard CVSD with telephone standard CPCM with newdy developed EVSD. The 
contract defines two tasks: first a literature , survey and evaluation and 
Second a proposal for System partitioning and analysis of the proposa].. 
A brief report on eabh topic follows: 

2. Literature Survey 

Computerized literature searches were conducted on 3 data bases: INSPEC, 
NUIS and DSIS. These are respective abbreviations for National Technical 
Information Service (USA  Government), Canadian Defence Scientific Information 
Service. The INSPEC search was done from the data base at Lockheed in Palo 
Alto, California. Publications of interest are listed in the attached 
references. The following table illustrates the contributions of each search. 

Number of Citations 	Number Applicable 	Reference  

.NTTS 	 25 	 1 	• 	 (3) 
DSIS (A.). 	 10,. 	• 	 2 	 (1) , (2) 

(13) 	. ' 

	• 

	 : 	50 	 1 	- 	 (3) 

•INSPEC 1969-1977 	 109 	 18

•1978-1979 	 13 	 5 	 (4) - (26)  

The literature search turned up Several good papers which are directly applicable 
to this project. A paper by Eggermonth et al (6) appearing in the Philips 
Technical review, had significant impact on the system partitioning. Papers by 
Villerêt (16) support the IIR filtering approach. Papers with performance 
measurements such as references (2) and (16) illustrate poor SNP: vs dynamic  •  
range performance. This is due in part to the low quality CVSD codecs which • 
were used.and, according to personal disdussionsi due to iMperfect grounding 

_• in the large digital conversion system.. 



• 3. Proposed Topology For Code Conversion  

3.1 .Interfading Format  

In order to digitally convert - between coding formats such as CVSDiEVSD, 
CPCM and possible DPCM and:MPG/1 it is necessary to select a suitable standard 
interface format. Initially it Was suggested that the interface be high sample 
rate IPCM however further investigation reVealed merit in using high sample rate 
DPCM. The original concepL was to accumulate approximate signal incréments to 
get a digital (TPCM) equivalent of the approximate signalic(t). In CPCM 
conversion the LPCM signal would then be filtered before siibsamplingdecimationY. 
To allow for the gain in the digital filter, processing word length must be 
increased front 15 to 20 bits. With the new technique, the signal increments 
are digitally filtered before Accumulation. The signal processing effect is 
thesame, however, the required filter word length is reduded. A 15 bit 
filter word length will handle the 10 bit signal increment (step size) 
information. Interfacing with high sample rate DPCM also reduces EVSD - CVSD 
conversion sinde this sign plus step size magnitude signal is already 
:available from the EVSD coded. -  

Figure 1 illustrates possible code conversion combinations. Shaded 
portions are interfacing circuits required to produce the high sampling rate 
DPCM. Figure 2 illustrates the summing circuits which are used in the 
interconnections. 

Figure 1 Block diagram illustrating conversion 
between any two codes. 

3.2 Interfacing CVSD and EVSD  
• 

An EVSD decoder may be used with CVSD data (or vice versa) to give moderate 
quality decoded voice. At high amplitudes the adapting rate for CVSD and EVSD 
will be about the same. The decoded signal will not be significantly 
distorted because there is little step size change per cycle. At lower 
amplitudes the first problem is a large error in decoded level. With•CVSD 
coding the probability of consecutive identical bits decreases rapidly with 
decreasing signal level. Because there is less change with EVSD coding, a 
moderate level CVSD signal will be interpreted as a very low level signal by 
an EVSD decoder. If the codecs are reversed, an EVSD coder and a CVSD decoder 
will cause compression of the dynamic range. 



CVSD EVSD 

Figure 3. Representation of CVSD adaption 
circuit. 

0 =0 

(b) Norton equivalent circuit (a) Actual Circuit 

Code conversion requires the • alteration of an incoming EVSD bit stream 
to form an outgoing CVSD bit stream. This . can'be done by deçOding. to an 
analog signal then récoding in the other format. It-is also possible to 
use an accumulator creating . a numeric equivalent of the anaiog - signal. The 
digital CVSD encoder would then  use a numeric comparator - and a-numeric 
approximate signal in the • feedback loop. The proposed scheme simplifies 
the latter hardware  by replacing theincoming accumulator, the feedback 
accumulator -and thé digital coMparator with a single accumulator, Incoming 
increments are added, feedback increments are subtracted and the resulting 
sign becomes the outgOing CVSD bit. 

When converting between CVSD and EVSD it is desirable to create equal 
step sizes.on the encoding and.degoding capacitors. This is the location of 
the approximate signals k(t) and k(t). Adigital equivalent of the analog 
step size is obtained from both the EVSD and CVSD codecs, A digital accumulator 
is then used td add incoming step sizes and subtract outgoing step sizes. If 
the conents of the accumulator remain nearly zero, the decoder apprOximate 
signal k(t) will closely match the encoder approXimate signal k(t). The proposed 
accumulator uses serial adders'. 

Figure 2. Signal flow diagram of EVSD - CVSD 
conversion. 

The generator of the digital step size magnitude for the CVSD codec requires a 
, simple digital filter to model the codec RC adaption circuit. The operation of 
the digital filtermay be represented by the Norton equivalent of the RC 
adaption circuit. 
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The digital filter will have a transfer function of the form: H(z) = 

0110 A detailed developœnt may he found in example Al of Appendix:A. 

WIG.4 • I - 0( 

55. 

1  
-1 e 

f a 

16 KB 	1-1/64 	4mS 
32 KB 	1-1/64 • 2mS 
32 KB 	1-1/128 	4m5 

The time constant, T, of the digital filter will Vary directly with the'sampling 
period. Sotie examples are given in the prOceeding table. 

The digital filter may he implemented with serial adders. A signal flow diagram 
is illustrated in figure 4. 

Quantization error will become significant at smallEtep sizes and thià 
will be a.source of noise. CVSD performance ià quite poor at low signal levels 
and this quantization will cause a small amount of further degradation. The 
dynamic range of CVSD coding is approximately 35 dB (Paf. 29) and would require 
a step size range of 6 bits. It is proposed to use a 9 bit register for step 
size whidh limits the worst case quantization error to 12%. 

Figure 4. Signal flaw diagram of CVSD adaptive 
step size. 

3.3 Interfacing to ÇPCM 	 . 

. Conversion to standard companded PCM requires (l)  accumulation (2) filtering 
(3) silbsampling (dedimation) and (4) companding. The reverse process requires 
(5) expansion (6) interpolation (7) filtering and (8) differentiation. 

,As discussed in section 3.1, a more efficient implementation.mày be achieved 
by reversing.parts (1) and (2) and also parts (7) and (8). The functions of 	. 
the two filters will be - discuSsed seParàtely. It should be-added that  thèse 

 filters Should be approximately flat in.response. There should be little 
change in dhannel response when.the PCM conversion is not used. 
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Figure 5. Signal flow diagram of CPCM 
conversion. 

o  
3.3.1 Quantizing Noise Filter (2) This digital filter is used prior 

.to•the 'accumulation and decimation during the. AM-PCM conversion. Samples are 
filtered at the delta coding raté (16 KB, 32 KB or AO KB). Prior to filtering 
the equivalent accumulated .signal spectrum has voice  spectral. power  below 3 KHz, 
quantizing nosie at intermediate frequencies follàwed by vOiCe'spectral power 
centered about the sampling frequency. This filter helps avoid signal aliasing, 
however, its main function is to reduce the-quantizing  noise; power at 
intermediate frequencies before it is aliased into the voice band dùring the 
decimation process. Wihout this filter, quantizing noise would increase by - 
3 dB or 6 dB for 16 p and 32 KB AM respectively. If the filter stopband 
gain is merely -10 dB the inband quantizing noise will increase by only 	. 
.5 dB for 16 KB  AM.  An illustration of the filtering decimation  and noise • aliasing has been reproduced . fram reference 28. 	 • 

Figure 6. 
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3.3.2 Interpolation Filter  (7) In the coversion frowÇPCM the 

Ill, samples are first expanded to LPCM then differentiated to obtain DPCM. The 
DPCM samples'occur at an 8 KHz rate. Intermediate samples at 16, 32 or 40 KHz_ 
if the.,delta codec is to operate satisfactorily. Images of the voice spectruà 
are Centered about 0, 8, 16, 24 KHz (etc.). The interpolation filter severely 

. • attenuages all frequencies except those near zero.••Image components "worry" 
the delta codecmaking its step size larger than need . he. The delta Codees . 
frequency characteristics make it especially sensitive to these images. An 
attenuation exceeding 30 dB is recommended for frequencies 6 KHz and higher. 
This filter must have larger attentiation and sharper cut off .than the 
previOus quantizing noise filter. Figure 7 illubtrates the function of the 

' interpolation filter. 	 . 
I.  • I • 

Figure 7. Signal and Noise Spectrum during conversion 
from CPCM. 

3.3.3 Companding  In an effort to reduce the transmitted bit rate 
PCM is transmitted in a compressed form. Linear PCM samples mith 13 bit 
resolution are converted to an 8 bit "floating point" format with a sign- •,. 

' expOnent-mantissa format. (Reference 30) Thaulantissa is effectively 5 bits 
with the Most significant bit - always logic 1. Only the lower 4 bits are -
transmitted. The 3 exponentbits are used to multiply the mantissa  bÿ  powers - 

III, of'2. The 15 segment U law is formed when the 3 exponent bits define .  8 
positive coding segments and 8:negative coding segments. The smallest - 	- 
postive and negative segments form a single segment passing through the 
origin'.  

• Exponent E 

CPCM FORMAT 

mantissa NI Sign 

Encoder threshold = 2 (16 + 	- 16.5 

Decoder magnitude = 2E  (16.5 + 	- 16.5 



No proposals have yet been made for implémentation of the compression 
and expansion required for companded PCM. Possible methods include table 
look up in ROM, serial computation, combinational steering networks and 
computation by microprocessor. The exact format will be influenced by the 
CPCM interface requirements. 

4.0 Conclusion 

There appears to be no theoretical barrier to all digital code conversion. 
The digital technique proposed closely models the "convert back to analog" 
approach which is known to work. The available literature is consistent, in 
general, with the approach taken here. 

FUrther work on this project will include specification of the companding 
hardware followed hy detailed design and testing of the functional blocks 
outlined in this report. 

D.E. Dodds 
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Appendix A 

• • Digital Filter Theory 

Discrete  titre  filters  combine  delay elements with signai summation to create 
a network response which varies with the frequendy of the input signal. Although 
delay elements for continuous signals (transmission lines or surface acoustic wave 
devices) may beused, it is most common to Use sampling and clocked delay cir-r -
cuits (charge coupled devices)to delay the analog signal. If the signal is both 
sampled and quantized,.digital logic circuits may then be used for the delay and 
numeric summation. Parallel or serial arithmetic units may be used depending on 
the application. It should be added that each delayed signal is added to the output 
with a different weighting.' For analog signals this can be accomplished with 
different resistances in a summing network. Quantized numeric signals,however, 
require a relatively complex digital multiplier for eadh delayed signal. 

AU the above implementations may be represented by the block  diagram below. 
.Uhe  blocks  marked D indicate a unit delay. For sampled signals the unit delay 
ià typically one sample period. Delayed samples.of the input are  added with 
multiplying coefficients bo, b 1  ... 44. At sorte  frequencies the added signals 
will cancel and the output will remain at zero'. The delayed-input signals 
contribute zerosto the transfer function. Delayed samples of the output are fed 
badk and summed.to form a new output signal. At certain frequencies, the delayed 
output signals add in phase resulting in positive feedbadk and output which is 
largerthan  the input.  Delayed output signals contribute poles to the transfer 
function. 

M 

Y(n) = k=1  E  kY(n-k)   k=0 



t= • 

f  
impulse response (output) 

0 

c. 

We can determine the following transfer function using the Z transforms shown below. 
• 

-k y 
(Z) _ k-1- 

bkZ 

- 	 0  H  - (Z) - X -k (Z) 	1- E akZ 
k=1 

y(m) 	 y 
(Z) 

-k Y Z (n-k) 	(Z) 
 • 

EXample Al In this example the output signal is fed babk after  one unit delay. 
A fraction of this:signal is used to form the next output sample. 

Y (n) = X (n) + al Y (n-1) 

1  H - (Z) 	-1 1-a 1Z  1 

The transfer function,  H(Z)  becomés 

infinite when the digital frequency 
variable Z = a 1 

1.0 

impulse input 

. An equivalent circuit for  continuous signals is a simple RC network. 

V -V. 
No  = 	- f 	dt c 	c 

o 	- H - 	- • 	 - 	 (s) 	(s) 	R71-1/sc 	SCR+1 in 

MAAW-------0 • 
V (s) o 	,s  _ 

Transfer function H (s) becomes infinite 

when frequency variable S = -1/RC 



Input Inpulse 

1.0 

e- 

Digital 	y n = y
o 
 a  1 

Analog 

. 	 14- 
Inpulse response (output) L 

We can compare the discrete time and continuous time filters as follows 

-1 -1 The analog decay time constant T = RC = 
a SP 

The time constant of the digital filter may be developed as follows 

1 S = 2.n a p 	111-" 	1 

-1 	-T  
T 	- Sp In  a1  

T 
T 1 1-a1 4.  

i.e.: for a = .9 

gna = -.105 

Example A2  The input signal is delayed and added with the new input to form an 
output. 

Y -- bx +b x (n) 	on 	1 (n-1) 

H = 1 + Z (Z) 

The transfer funCtion H (Z) beconeà zero when 

the digital  frequency variable Z = -1. There 
is a pole at Z = 0. 



A4 

1. 0 

-1 	-2 
X(Z) = (Z) Y 	(1 - a1  Z - a2Z ) 

1  

1-a1  Z
-1-a2Z

-2 

Denominator is zero for poles 

+al 1 2 i.e. Z = 	+ — ya + 4a 2 -2 1 	2 

H (Z) 

al 2 For complex poles a2 negative and la2 > (7) 

Imulse•Response 

3. 

Input Impulse 

1. 0 

impulse response . 

Dmmple:A3 Complex . poles may  be created by using two delays -  in the output  Signal, 

(n)  = xn  + a, V - (n-1) + a2 Y (n-2) 

pole at r/0 

where a2 = -r
2 

a1 = 2r Cos0. 



If b 

Then 

NOTE ,Complex zeros may be generated by delaying the input then summing. 

111, -1 	-2 H (z) = bo .+ blZ + b2Z 

b2 = 

b1  = -2r Cos8 

le AA  The following section may be used to generate 2 poles and 2 zeros. CX2 

Design zeros at 6 KHz  on the 
unit circle 6 =180° ± 45°  

r= 1 

11, 
 pole locations at -.707+.707 

a2 = r
2 =1  

= -2rOos0 = +1.,41  

Design poles at 3KHz  and assume 16 KHz 

 sampling . 	6 = 14-.x 360°. = 67.5°-  

Let:radius-  Vector to pole be .7 to give 
a pole with moderate Q. 

Pole locations,- design values are 
.268 ± j.646 

2-- a2  = -r  =-.49  

a1  = 2rCose = (1.4)(.382) = .536 
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APPENDIX B • 

Computation of Filter Response 
• 

- The following BASIC program has been written to calculàte the response 
of digital filters. The response in Example PA has been calCulated'and 
graphs  have  been prepared. 

POLE2 

5 PRINT "ENiER.TWO PCLES" 
10 INPUT Pl,P2 
25 PRINT "ENTER TWO ZERCS" 
30 INPUT Z1,Z2 
42 FOR N=1 TO 5 
45 PRINT "ENTER NORMALIZED FREÇUENCY" 
50 INPUT F 
60 FI=COS(F*2*71-) 
70 F2=SIN(F*2*TÉ) 
80 PRINT "RE=";Fl,"IM=;F2 
82 V1=1 
84 V2=0 
90 Al=P1 
95 A2=P2 
100 ODSUB 1000 	' 
140.A2= -P2 
150 GOSUB 1000 
160 A1=Z1 
170 A2=Z2 
180•GOSUB 1100 
200  \2=-Z2 
210 GOSUB 1100 
220'PRINT Vi rV2 
230 NEXTN 
240-END 
100.0121=V1/((F1=A1)t2+(F2 -A2)t2A.5 
1010 V2=V2 -ATN((F2 -A2)/(F1 -A1)) 
1020 RETURN 
1100..V1=V1*((F1-A1)t2+(F2-A2)k2)4.5 
1110  
1120 RETURN 
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INVESTIGATION OF PCMHDELTA CODE CONVERSION 

INTERIM REPORT  

july 30, 1980 

• 

1. Introduction  

The high noise immunity of digital signals and the low cost of digital 
circuits promote the transmission of voie in digital form. Pulse code 
modulation (PŒI) is most frequently used to digitize the voice signal. In 
applications where the bit rate is low or where a noisy channel introduces 
frequent bit errors an alternate coding scheme known as Delta modulation is 
often used. Both coding formats are now employed in existing systems. When 
a system using PCM coding is interfaced to a second system using Delta 
coding, code conversion is accomplished by decoding to an analog voice signal 
and re-coding to the other format. The objective of the current work is to 
develop a totally digital method for interfacing PCM and Delta modulation 
systems. •  In particular, it is intended to interface standard CVSD systems 
with telephone standard CPCM systems. An interface will also be developed 
for the newly developed EVSD code. The contract defines two tasks: first, 
a filter implementation study which will define the filter requirements and 
develop a structure which can be implemented with relative ease; and second, 
a code converter prototype development which includes filters, accumulators, 
companders and a PCM interface. The final report is due on Nàrch 31, 1981. 

2. Progress  

A two pole, two zero digital filter section has been built in CMOS 
using serial arthimetic. For the initial measurements the tap coefficients 
closely approximated those given in example AA of the °SU 79-00111 Final 
Report dated March 31, 1980. Spectral analysis of the operating filter shows 
a frequency response very close to the theorectical prediction. After minor 
changes in the tap gains, the operation of the filter at 32 KB was verified 
with spectral and waveform neasurerrents. The following photographs illustrate 
the filter performance as measured after the serial accumulator. A dual 
filter section which can be used in the code converter prototype is being 
constructed on a wire wrap module. Approximately 20 MSI CMOS packages will be 
used in this dual filter section. 

• 
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111, 
(a) The two following photographs illustrate the unfiltered accumulator output 

signal with 16 KB sampling and a 1 KHz modulation signal x(t). The lower 
waveform shows the analog approximate signall7Z(t). The frequency 
spectrum shows the 1 KHz component at -15 dB and an approximately flat 
noise spectrum which has a null at the sampling rate of 16 KHz. 

• 
(b) The two photographs below illustrate the accumulator output with digital 

filtPring. The modulation signal and the sampling rate remain at 1 KHz 
and 16 KHz respectively. The filter has a pole frequency at 6 KHz. The 
pole has a radius of .707 in the Z plane. The frequency spectrum shows 
the 1 KHz component at -4 dB, peaking in the noise spectrum at approximately 
3 KHz and a null in the noise spectrum at 6 KHz. The filler coefficients 
are as follows: 

= a1  = +.5 	b0 	1.0  

a2 = -.5 	b1  = 1. 5 

b2 = 1.0 

> 
(Z1 

Ln 

: 	„ 
, ,1,J0 	 , 	, e li ;.„,,,f;„!,,, e, -,.. 	,,, 1 	 d 1, 	! 

.im 	 ; 	 .. ; 
r, 	 f i q 4  I  f  

'I  
1

,

: 

i t 4  ell i/4 1.4 ri g %t , 	tl 	. 1 1 1. 

-- \ 	. 4 	I F 	 , 	i 	iv. 	1 	, 	i . '' r.l. 
01 	11 1 1Q 	te,  ' se 	t h ,. . 	

/ii 	-  '''4"  ' 	 • 	à 
iiii tl  41SV 	 1. 

,I e 
IF 	 .11 



25K 
FREQUENCY (Hz) 

50K 

3 

• (c) The digital filter was operated at 32 KB and the tap coefficients were 
Changed to provide a pole at 4 KHz and a zero at 8 KHz. Waveforns and 
output frequency spectrum are shown below. Note the frequency scale 
has been Changed to 5 }(Hz/division.  The filter coefficients are as 
follows: 

a
1 = 1.0 	b0  = 1.0 

a2 = .5 	b1 = 0 

b2 = 1.0 

(d) A, block diagram of the filter structure is shown below followed by a 
logic diagram of the filter. 

• 
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Logic Diagram of Single Filter  Section. 
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• 3. Work in Progress  

A motorola MC14407 PCM codec has been selected as the interfacing device 
for PCM. This codec was ordered in early May and should arrive by nid-sumer. 
Several companding circuits are under study, no clear choice is evident at this 
time. 

4. Conclusion  

Substantial progress has been made achieving the contract goals. 
second interimreport will be issued in mid-September. 




