
























































































































































































































































































tation increment is stored in the upper 8 bits of the increment register 
and the address sequence generated by overflow. 

Assuming that the RY A register is pointed to the unsigned form of 
the ADPCM code word, the following DSP instructions disassemble the 
code word and store the resulting one-bit words in RAM. The code 
word is disassembled by loading the bit to be saved in bit 14 of the P 

register and zeroing all other P register bits. The C register is set to 214. 
(N otation for the DSP assembly language is given in a companion 
paper.2) 

i = 030; "permutation in-
crement" 

rd = 0; "RAM storage ad-
dress" 

a=p p = 2048*ryz; "get bit 1 of code 
word" 

a=p p = l*c; "set up to zero 
other bits" 

a= p&a p = 4096*ryz; "zero other bits; 
get bit 2" 

w=a a=p p = l*c; "set up to zero 
other bits" 

rdi = w a=p&a p = 8192*ryz; "save bit 1; 
get bit 3" 

w=a a=p p = l*c; "set up to zero 
other bits" 

rdi = w a= p&a p = 16384*ryz; "save bit 2; 
get bit 4" 

w=a a=p p = l*c; "set up to zero 
other bits" 

rdi = w a = p&a; "save bit 3; zero 
other bits" 

w=a; 
rdi = w; "save bit 4" 

The single bits are reassembled into a code word by shifting and 
adding the bits using the following instructions: 

k = 010; 
ry = 160;;; 
a=p 
a=p 
a = p + 2*a 
a = p + 2*a 
a = p + 2*a; 

p = l.*ryk; 
p = l.*ryk; 
p = l.*ryk; 
p = l.*ryk; 

"permutation increment" 
"RAM storage address" 
"get bit 4" 
"get bit 3" 
"shift and add; get bit 2" 
"shift and add; get bit I" 
"code word reassembled" 
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In this scheme, the RAM values are refreshed at a 500-/!s period (for 
an 8-kHz sampling rate) which is the maximum specified refresh time 
for the dynamic RAM.2 To extend the method to N = 32, it is necessary 
to use spare program cycles (of which a sufficient number appears to 
be available) to supplement the "natural" RAM refresh cycles. 

Permutation blocks larger than N = 32 bits are not possible using 
this approach since 2N words of RAM are required. Thus, N = 64 would 
fill the 128-word RAM on the DSP allowing no scratch storage as 
required by the basic ADPCM coder. 

The decoder implementation is very similar and has identicallimi­
tations. A single DSP /!-law to /!-law codec, using N = 16, was imple­
mented successfully and the resulting speech was quite well scrambled 
although, as mentioned before, some numbers could be distinguished 
with practice. 

The limited number of keys in an N = 16 V-permutation system 
could present a problem in some applications. To increase the number 
of keys, the easiest route appears to be random number masking, 
which is discussed next. 

3.2 Random number masking 

Random 4-bit numbers are stored, 4 bits per word, in a ROM table. 
The table size is limited only by available ROM. We arbitrarily used a 
256-word table for our implementation, but considerably more space 
is available and can be used if more keys are desired. 

In single-pointer masking a pointer into the table is arbitrarily 
chosen. The DSP automatic (6-bit) loop counter is set to 63 and for 
each ADPCM code word generated, a random number is fetched, added 
to the code word, and the pointer incremented. When the loop count 
is satisfied the pointer is restored to its original value. 

If multiple pointers are used, offset values are initialized and each 
random number is fetched and added to the code word. To avoid 
additional programs steps for detection of the table end, the pointers 
are limited to occur no later than 64 locations from the end of the 
table. The two-pointer version has the following requirement 

S + 8 + 64 < N, (4) 

where S is the starting pointer, 8 is the offset from S, and N is the 
mask table size. 

All additions are made without attention to overflow out of the 4-bit 
code word and the least~significant four bits are transmitted. The 
received word then has identical masks subtracted, without regard to 
unsigned underflow, and the four least-significant bits are taken as the ' 
input to the ADPCM coder. In two's-complement arithmetic the final 
result is correct, without regard to overflow or underflow, if that result 
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is in the required range. (The decrypted code word must satisfy this 
condition since the original unsigned word was in the 4-bit range.) An 
example of masking by this process is shown in Fig. 2. 

Assuming the RX register contains the mask pointer, the K register 
contains the offset value and the RYA register contains a pointer to the 
unsigned form of the ADPCM code word, the following DSP instructions 
encrypt the code word: 

a=p 
a=p 
,a = p + a 

a=p+a 
a = p&a; 

p = rxk*c; 
p = rxk*c; 
p = l.*w; 
p = 017*c; 

"get mask word I" 
"get mask word 2" 
"add masks; get code word" 
"subtract mask from code word" 
"decrypted 4-bit code word" 

The code word is decrypted by the following instructions. The RX and 
K registers contain the table pointer and offset value, respectively. The 
w register contains the encrypted code word. 

a=p 
a=p 
a=p+a 
a=p-a 
a = p&a; 

p = rxk*c; 
p = rxk*c; 
p = l.*rym; 
p = 017*c; 

"get mask word 1" 
"get mask word 2" 
"add masks; get code word" 
"add code word" 
"encrypted 4-bit code word" 

The two-pointer encrypted codec was implemented on a single DSP 

with ,a-law input and output. Table sizes as small as 16 words, with a 
single pointer, yield unintelligible scrambled speech. 

To examine the synchronization properties of the system, the same 

1001 --
0011 --
· · · 

256 WORDS 

· · · 

ENCRYPTION 

ADPCM CODE WORD 1011 

INITIAL POINTER 
(KEY 1) 

+ 1001 

OFFSET POINTER + 0011 
(KEY 2) 
MASKED WORD __ 1 0111 

'-f--/ 
TRANSMIT 

DECRYPTION 

0111 

0011 

1001 

(1) ~ 

RECONSTRUCTED CODE WORD 

Fig. 2-Example of bit-masking with two-pointer random number encryption and 
decryption. 
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codec was also implemented in a two-nsp version. A simplified block 
diagram is shown for this system in Fig. 3. Digital signal processor· 1 
provides the encryption and transmits the encrypted bits; nsp 2 
performs the decryption. In the absence of appropriate synchronization 
mentioned below, the output of the receiver digital-to-analog converter 
is scrambled. This is the same configuration used for the two-nsp 
codec, l except that provision is made for block synchronization. The 
status and control bits, CO and SO, provide a "sync" bit for this purpose 
and, assuming synchronization is recovered externally from the trans­
mission format, are connected separately in parallel with the main 
serial data-bit stream. Synchronization formatting and recovery is 
probably also possible within the nsp, but it is beyond the scope of 
this paper. 

Programming the synchronization is very simple. Each time the 
table pointer is reinitialized the transmitter sends the control signal 
(SO) using the 8TR register, and the receiver waits for the control signal 
(CO) using the SYC register. Digital signal processor instructions for 
the transmitter and receiver are given below. 

transmitter 
init: 

loop: 
receiver 

init: 

a-BIT 
P.-LAW 

loop: 

AID 

I 
I 
I 

lc = 63; 
str = 1; 
auc = Ox06; 
str = 0; 

lc = 63; 
auc = Ox06; 
syc = 4 

DSP 
1 

SYNC BIT 

32 kb/s ADPCM 

+TIMING 

"set up loop counter" 
"send control signal" 
"set c = 21\ overflow" 
"turn off control signal" 

"set up loop counter" 
"set c = 21\ overflow" 
"wait for control signal" 

DSP 
2 

a-BIT 
P.-LAW 

I I 

L-------------f----------~---~ 

a-kHz CLOCK 
A/D-D/A 

Fig. 3-Simplified block diagram of tWO-DSP ADPCM codec with block synchronization. 
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Table I-Memory utilization 

Coder Type 

ADPCM encoder 
V-permutation encoder N = 16 
Random mask encoder L = 256 
ADPCM decoder 
V-permutation decoder N = 16 
Random mask decoder L = 256 

Memory 
Instructions 
per Sample ROM 

46 228 
57 308 
68 552 
38 156 
42 214 
55 452 

RAM 

5 
37 
6 
5 

37 
6 

As expected, synchronization time is imperceptible and the system 
sounds exactly the same as does the single DSP codec. 

IV. DISCUSSION 

Both encrypted codecs provide adequate scrambling in terms of 
reduced intelligibility, although random number masking is capable of 
entirely destroying the impression of speech. 

Program efficiency, in terms of instructions executed per 125-p.s 
sample, is also similar as shown in Table 1. Utilization of the DSP, 

relative to its maximum execution rate of 156 instructions per 125-s 
sample, ranges from 24 percent for the ADPCM decoder to 44 percent 
for the random mask encoder. 

Table I also shows memory utilization for the different implemen­
tations. (These should be compared to 128 words of available RAM and 
1024 words of available ROM.) The ADPCM codec is in subroutine form 
and savings of about eight instructions can be made by removing this 
structure at the expense of a considerably more opaque program. 

The number of keys required for this type of privacy system has not 
been studied and other issues, such as transmission of keys, are outside 
the area of this paper. Clearly, in this implementation random number 
masking provides for more keys than U -permutations. Also, if greater 
levels of secrecy are required on a particular transmission link, one 
can envision a special transmitter/receiver pair with a unique PROM or 
ROM random number table used externally, thereby achieving a 24k key 
system. (This is because there are 2M binary sequences of length M.) 
For any single transmission, i.e. a single set of pointer positions, k = 
64. However, if one considers other pointer positions this number is 
greater and is, in general, a function of the random number table 
length L. 

Although the programming was not discussed, the setting of the 
particular key to be used in a given transmission would require, for 
example, reading an external switch register during program initiali­
zation. Thus, one would need some simple external circuitry to divert 
the codec input stream at initialization (reset) time and appropriate 
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DSP programming to handle the input format and store the result in 
RAM. 

V. CONCLUSION 

Two privacy encryption systems, based on ADPCM coding of speech, 
have been discussed. Using the DSP we have implemented both with 
modest increases in processor load. The U -permutation method makes 
heavy use of RAM and has limited numbers of encryption keys. Random 
number masking makes heavy use of ROM and can provide large 
numbers of keys. Both systems reduce speech intelligibility and could 
form the basis of an effective privacy system. 
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This paper describes the design of a single-package, all-digital 
receiver for TOUCH-TONE® service implemented by using a digital 
signal processor integrated circuit. The receiver is particularly suited 
for systems that operate on signals that have been encoded into a 
digital pulse-code-modulation format. The program contained in the 
digital signal processor was designed to emulate the signal process­
ing functions of a central office grade receiver. Measurements of 
performance confirm the equivalency. 

I. INTRODUCTION 

This paper describes the design of a single-package, all-digital re­
ceiver for TOUCH-TONE® service implemented by using a digital 
signal processor (nsp) integrated circuit.1 The receiver is particularly 
suited for systems that operate on signals that have been encoded into 
a digital pulse-code-modulation (PCM) format. 

TOUCH-TONE service is a voice frequency signaling system in 
which anyone of 16 digits may be transmitted by simultaneously 
sending two tones. The frequency of one of the tones may be either 
697, 770, 852, or 941 Hz (called the low group) and the frequency of the 
other tone may be either 1209, 1336, 1477, or 1633 Hz (called the high 
group). The receiver must tolerate frequency shifts in the transmitter, 
operate over a wide dynamic range in the presence of noise, and be 
insensitive to speech (digit simulation). 2 

The program contained in the nsp was designed to emulate the 
signal processing functions of a central office grade receiver. Measure­
ments of performance confirm the equivalency. 
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II. DESCRIPTION OF THE RECEIVER 

2. 1 Receiver architecture 

The model for the DSP receiver architecture was the analog type-H 
service receiver. The type-H receiver is used in many central offices 
today and has a relatively high sensitivity and noise immunity, as well 
as good digit simulation performance. 

A block diagram of the DSP receiver is shown in Fig. 1. At the input 
is a filter which reduces interference from power line and precise dial 
tone components. This filter provides loss at 60, 180, 350, and 440 Hz, 
and it establishes a passband between 650 and 3000 Hz. It is a fourth­
order high-pass filter instead of a sixth-order bandpass filter as in the 
analog receiver, because the digital receiver does not have to remove 
cable test tones above 10 kHz. The PCM data have been converted from 
analog signals that are band-limited to less than 4 kHz. 

The output of the input filter is then split by two sixth-order band 
elimination filters. The low-group band elimination filter (LGBEF) 

provides loss only in the frequency band from 600 to 1050 Hz. The 
high-group band elimination filter (HGBEF) provides loss in the high­
group frequency passband and gain in the band above 1900 Hz. The 
use of BEFS is important for good digit simulation performance as 
discussed later. 

Each BEF output is followed by a limiter which serves two functions. 
First, for signal levels above a minimum value, the limiter gives an 
output that is independent of the input signal amplitude. The second 
function of the limiter is to provide digit simulation protection, as 
discussed later. Each limiter output drives a set of second-order 
channel filters. The filters are tuned to the signaling frequencies and 
have a pole-Q of 16. 

The channel filters drive detector circuits which sense a signal level 
that is greater than a fixed threshold. The threshold is set to 2 dB 
below the peak signal level that would be present if a sine wave of the 
nominal frequency and amplitude were input to the limiter. If the 
signal to the detector drops below the threshold, the detector continues 
to indicate detection for a fixed hold time. 

The outputs of the detectors are packed into an 8-bit word and are 
applied to the routine which implements the digit validation logic. 
This logic checks for a valid detector output and applies a timing 
criterion. If the detectors show the presence of a tone pair for a 
continuous validation interval, the logic indicates a valid digit with the 
digit present (DP) flag and outputs a code word for the digit. The logic 
then requires the pair to be continuously absent for the validation 
interval before indicating no digit. An early detect (ED) flag is also 
provided to indicate that a tone pair is in the process of being validated. 
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The digit simulation performance of the receiver relies on limiter 
guard action. If a signal with two or more frequency components is 
present at the input of a limiter, the magnitude of each individual 
signal component at the output of the limiter is reduced to less than it 
would be if only that component were present at the input. When valid 
tones are transmitted, each group limiter receives only one signaling 
component and the magnitude of that component at the limiter output 
is above a threshold, as measured by the channel filter and detector. 
When speech is input to the receiver, the group limiters get many 
frequency components-some of which might be in the range of valid 
signaling tones. In this case, the limiter guard action reduces the 
magnitude of any signaling component at the output of the limiter to 
a value less than the detector threshold. The use of BEFS increases the 
number of frequency components from speech that would reach the 
inputs to the limiters. 

2.2 Digital Signal processor program 

Figure 2 shows the organization of the nsp program. After initiali­
zation, the nsp executes the main receiver routine which consists of a 
loop that is traversed once every 250 p,s (or two 8-kHz sample periods). 
The main routine calls a filter subroutine twice per loop so that the 
digital filtering operations are performed once every 125 p,s. The 

---, 
I 
I 
I 
I 
I 

125 JLs 
I 
I 
I 

~-t 
I 
I 
I 
I 
I 

125 JLs 
I 
I 
I 
I 

-----1 
Fig. 2-Program organization. 
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operations done in the main routine include packing the eight detector 
outputs into a single word and performing the timing validation logic. 
The program was organized in this way because all of the fIltering and 
digit validation cannot be done in a single 125 JLS interval. However, 
the digit validation logic does not have to be done at an 8-kHz rate 
and can be split over two or more intervals. 

The initialization routine sets the AU control register, AUC, for 
rounding and overflow protection. The I/O control register, IOC, is set 
for format 0, 8-bit, passive input and 2.5-Mb/s active output. The RAM 

is cleared and some register pointers are set. 
The fIrst operation of the main routine is to call the filter subroutine. 

The filter subroutine waits for an input and then converts it from JL-
255 to linear. The input and BEFS are shown in a block diagram in Fig. 
3. All of the second-order structures use only four multiplies. The 
signal levels are adjusted at the inputs to the BEFS. 

The group limiters are realized by the following code: 

p = lim**rya; "rya points to YH" 

a=p; 

a = a« 14; 

w=a; 

The initial multiplication of a fraction (lim) and the output of the 
BEFS (YH shown here) limits the dynamic range of the receiver. The 
result in the accumulator is shifted up and transferred to the w register. 
Signals in the range of 0 to -29 dBm will cause the w register to 
saturate because of overflow. This limiter action using the overflow 
protect function is very similar to the behavior of the analog receiver. 

The outputs of the limiters are applied to the eight channel fIlters. 
These filters are realized as shown in Fig. 4a, which illustrates the 770-
Hz BPF. 

The detector algorithm for each channel output is shown in Fig. 4b. 
This is the equivalent of the comparator circuit in the analog receiver. 
The output is compared with a threshold value (th) for every sample. 
If the sample is greater than the threshold, the detector output is set 
to a positive number (CNT) and decremented, otherwise, the detector 
output is just decremented. The value of CNT is such that when the 
signal falls below the threshold, the detector output will be a positive 
number for the detector hold time. The 1633-, 1477-, and 1336-Hz 
detectors compare the rectifIed channel filter output with the threshold 
to improve the detectability of these frequencies. It is possible to 
sample a sine wave at these frequencies whose amplitude is above the 
threshold in such a way that none of the positive samples for one cycle 
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Fig.4-Channel fIlter and detector for 770-Hz tone. (a) BPF (770 Hz). (b) Detector 
(770 Hz). 

are above the threshold. The rectification operation guarantees that 
at least one sample per cycle will be above threshold if the amplitude 
of the sine wave is 1 dB above the threshold. The filter subroutine 
then returns to the main routine. 

In the main routine, the outputs of the low-group detectors are 
packed into a single word using the "sgn" function which tests the sign 
of the detector outputs. The word is tested to see if there is a tone 
detected in the low group. The high-group detector outputs are packed 
and tested in a similar fashion. The low- and high-group outputs are 
then combined to form an address that can be used to access the 
desired output code for the detected tone pair from a table in ROM. 

rAfter calling the filter subroutine again, the main routine does the 
timing validation function and provides ED and DP flags on the s bits 
of the DSP. The latest detected tone pair (NEW) is compared with the 
tone pair that is under validation (OLD). The result of the validity 
test can be followed with the flowchart in Fig. 5. If there is no detected 
tone pair or the detection does not match the previous detected pair, 
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YES 

cu>o CU< 0 

Fig. 5-Timing validation logic. 

a variable, CU, is tested to see if no digit has been validated. If there 
is no digit present (positive CU value), the OLD is updated with the 
NEW. A variable, CD, is decremented and tested to see if a tone pair 
has been continuously absent for the validation interval. If so, CD will 
be negative and the s bits are cleared to indicate "no digit" and the 
variable CU is initialized (CIN). If a valid tone pair is detected, the 
variable CU is decremented and tested to see if the pair has been 
present for the validation interval. If not, the s bits are set to indicate 
ED. If CU is negative, indicating a continuous detection for the vali­
dation interval, the s bits are set for DP and the CD variable is 
initialized (CIN). Finally, if CU is exactly zero, the code for the digit 
pair is written in the output buffer. The program then branches to the 
beginning of the loop. 

As written, the program uses nearly 100 percent of the time available 
for processing. However, it could be reorganized such that the main 
routine calls the filter subroutine three or four times per loop in order 
to do more low-speed operations if necessary. Only 42 percent of the 
ROM is used for the receiver program. The rest of the ROM space could 
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be used for other programs that are accessed by a conditional branch 
taken after reset and based on the state of the nsp c bits. 

2.3 Hardware and interface considerations 

Because the complete receiver is in a single 40-pin package, the 
hardware requirements are extremely simple. Also, the flexibility of 
the nsp I/O unit allows a variety of possible interface configurations to 
be realized. Figure 6 shows an arrangement that is compatible with 
the programmed I/O control described in the previous section. It is 
also the circuit that was used to test the performance of the receiver. 

A number of connections are independent of the choice of I/O 

configuration. The nsp must be powered by a +5 volt source, the 
internal ROM enabled, a 5-MHz clock applied, and reset controlled. 
The internal ROM is enabled by connecting EXM to +5 volts. A 5-MHz 
clock may either be applied to the CLKIN pin (as shown) or the on-chip 

't-sb 
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13 

b o 74LS164 

°G 12 
b, 
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b 2 

- 14 
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°D b4 OUTPUT 
9 

CLR °c bs 

Os 4 b 6 2 
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40 
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+5 12 Vee 

13 Vss 
DSP 

OTHER PINS ARE NOT CONNECTED 

Fig. 6-Receiver hardware. 
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oscillator may be used with the addition of an external crystal. The 
reset line should be held low (TTL levels) for at least 600 ns after power 
up and then held high while the receiver is operating. 

The input is set up in the program for passive, 8-bit operation. That 
is, the nsp-receives clock pulses and synchronization information from 
the system providing the PCM data. The input is continuously enabled 
by the grounding of the CTR pin. 

The output is programmed for active, 8-bit transmissions at a rate 
of 2.5 Mb/s. All of the output signals are generated by the nsp and can 
be used to drive a TTL shift register to provide parallel digit output. 
The output is also continuously enabled by the grounding of the CTS 

pin. 
The En and np flags are provided by the nsp sO and sl pins, 

respectively. 
All of the other nsp pins are not used and may be left open. 

III. RECEIVER PERFORMANCE 

The performance measurements for the receiver were made by 
interfacing a J.L-255 law encoder (analog-to-digital converter) with D­
type channel bank filter to the nsp. The receiver could then be checked 
using analog receiver test facilities. A type-H receiver was tested in 
parallel. 

The signal amplitude sensitivity of the receiver was measured with 
worst-case parameters. That is, the frequencies of the tones were set 
to their maximum allowable deviation from nominal, the levels of the 
two-tone groups were made different, maximum expected dial tone 
was added, and the duration and interdigit intervals were at their 
minimum values. The receiver was also tested for detection errors with 
tones in the presence of gaussian and impulse noise. Finally, digit 
simulation was tested by applying speech and music to the receiver. 

In all tests the nsp receiver performed as well as the type-H receiver. 

IV. CONCLUSION 

This paper has described a central office quality receiver for 
TOUCH-TONE® service which accepts signals encoded in a digital 
PCM format. The entire receiver is implemented using the nsp, a single 
40-pin dual inline package that is powered by a +5 volt supply. It can 
easily be customized for different input and output formats, and there 
is enough spare ROM capacity to implement other functions when the 
device is not being used as a receiver. 
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This article describes the application of the digital signal processor 
as a voiceband signal processing element. The application chosen is 
one of the most stringent voice-frequency signal processing applica­
tions in the telephone network-providing transmission treatment 
(e.g., gain, equalization, and echo control) for special service circuits. 
A detailed description of a prototype transmission treatment unit, 
which uses the DSP, is provided along with descriptions of the digital 
filter structures and filter synthesis techniques. Measured results for 
representative extreme cable facility cases are presented, showing 
that digital signal processing utilizing the DSP meets the telephone 
network transmission requirements for special 'service circuits. 

I. INTRODUCTION 

The fIrst, and still most heavily used, transmission medium in the 
telecommunications network is copper wire. Twisted pair metallic 
cables of various gauges, lengths, and sizes make up the bulk of the 
loop plant and local exchange trunk plant. The application of electronic 
amplifiers or repeaters to provide gain to compensate for the atten­
uation of signals on metallic cables was the first large-scale use of 
electronics in the telecommunications network. Repeaters are still 
used extensively. By necessity, the systems of the past that provided 
voice-frequency (VF) transmission treatment on a per-channel basis 
were analog systems. The large-scale use of sophisticated digital signal 
processing for these transmission treatment functions was precluded 
by cost, power consumption, and size of implementation. However, in 
recent years the capabilities of digital hardware have improved sig-

1585 



nificantly, primarily as a result of the rapid development of integrated 
circuit technology. 

The digital signal processor (nsp), 1 a VLSI device with a large number 
of logic circuits, is an example of the sophistication that is now possible 
with digital hardware. The inherent capabilities of the nsp have made 
it possible to consider the use of digital filters to replace some of the 
traditional analog network functions in VF transmission systems. This 
paper reports on the results of an experimental study in which the nsp 

is used for this purpose. Among the most desirable features of the nsp, 

and especially important for this study, is the ease with which it can 
be programmed under computer control to provide transmission treat­
ment functions. 

The principal transmission signal processing functions are performed 
in VF repeaters for metallic transmission systems and in carrier ter­
minal units (CTUS) for transmission systems that contain a metallic-to­
carrier interface. These systems provide signal processing for a variety 
of services. Typically, the most demanding signal processing require­
ments derive from special services applications.2 Special service circuits 
are engineered using all types of transmission media. Special services 
are a large and rapidly growing part of the telecommunications net­
work. 

Performance objectives for a special service circuit are normally 
specified in terms of I-kHz loss, attenuation distortion, echo distortion, 
and various other transmission parameters. If signal processing must 
be included in a circuit so that transmission objectives for the circuit 
can be achieved, the circuit is called a treated circuit. The prototype 
transmission treatment unit, described in this article, which uses the 
nsp to provide adjustable transmission treatment functions, is referred 
to as a digital treatment transmission unit (nTTu). The description of 
the nTTU and its capabilities begins in Section III. First, in Section II, 
an outline of treated circuits is presented since the performance goals 
for the nTTU were based on the performance objectives for these 
circuits. 

II. INTRODUCTION TO VOICE-FREQUENCY CIRCUITS 

Table I lists some of the applications for metallic treatment systems. 
Figure 1 illustrates some of the possible circuit arrangements with 
transmission treatment. Each of the arrangements is assumed to be 
providing a special service circuit-in this case a foreign exchange 
trunk. Figure Ia shows a terminal repeater, with a switching system 
on one side and a 2-wire cable connected to a PBX on the other. Figure 
Ib is smilar, but with the repeater placed at an intermediate location 
in the circuit. Figure Ic shows the use of two repeaters in a long circuit. 

Finally, Fig. Id shows a circuit that contains both a carrier link and 
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Table I-Inserted Connection Loss (ICL) 

objectives for typical 2-wire switched 
special services 

Switched Special Services 

PBX-CO trunk 
Foreign exchange trunk 
WATS trunk (to class 5 co) 
WATS trunk (to class 4 co) 
Foreign exchange line 
WATS line (to class 5 co) 
WATS line (to class 4 co) 

ICL (dB) 

3.5 
3.5 
3.5 
4.5 
3.5 
3.5 
4.5 

a 2-wire cable facility. This latter configuration, with a carrier link in 
tandem with a 2-wire metallic extension, is quite common. Carrier 
systems are designed to be essentially transparent for transmission 
purposes. Note that if the carrier link is removed in Fig. ld and the 
CTUS retained, the resulting circuit arrangement is similar to that 
shown in Fig. la. 

The CTUS that provide the 4- to 2-wire interfaces must provide 

PBX 

s~~ ______ (a_;_A_B_LE ________ ~r--~ 

~ ~ CABLE ~ CABLE 

(b) PBX 

CABLE ~~ ~ CABLE 

(e) 

(d) 

<> 2-WIRE VF REPEATER 

B CARRIER TERMINAL UNIT 

Fig. I-Some example topologies for a foreign exchange trunk. 
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transmission treatment for the adjacent metallic cable. Carrier termi­
nal units with analog treatment are currently available for both digital 
and analog carrier sytstems. A digital carrier system is an obvious 
candidate for digital transmission treatment since digital encoding and 
decoding of signals is already required. Digital switching systems, 
which have transmission characteristics similar to digital carriers, are 
also strong candidates for digital treatment of special service circuits. 
This article concentrates on the digital-to-analog 4- to 2-wire interface. 

2. 1 Transmission treatment objectives 

The success of the telecommunications network in providing satis­
factory service places requirements or objectives on some of the basic 
electrical characteristics of the equipment used. The services listed in 
Table I must be engineered to have carefully controlled transmission 
properties. The main theme of this study is the use of the DSP to 
control the loss, attenuation distortion, and echo distortion of treated 
circuits. This is accomplished by implementing digital filters with the 
DSP, as is described in detail in the following sections. Although not 
considered here, the DSP could also be programmed to control delay 
distortion of a treated circuit. 

Of the services listed in Table I, the trunks have the most stringent 
performance objectives. A typical short haul treated special service 
trunk must be engineered to have a I-kHz loss of 3.5 dB to an accuracy 
of approximately 0.5 dB. Furthermore, the loss of the circuit at 400 
and 2800 Hz, relative to the I-kHz loss, should be within the following 
limits: at 400 Hz, -1.0 dB to 3.0 dB; at 2800 Hz, -1.0 dB to 4.5 dB. 
Additionally, the circuit loss should be relatively smooth between 
these two frequencies. The circuit should also be designed so that its 
loss response rolls off at the VF band edges to enhance stability margin 
and echo performance. For the configuration shown in Fig. la, crosstalk 
considerations restrict the gain of the repeater to a maximum of 6 dB 
at 1 kHz, and the loss of the cable to a maximum of 9 dB at 1 kHz. 

Since a 2-wire treatment unit is inherently a feedback device, some 
means must be provided to "balance" the unit, that is, significantly 
reduce the feedback, to ensure adequate stability margin and satisfac­
tory echo performance for a treated circuit. In the DTTU, a digital 
canceler network provides this balance function. Since gain added to 
a circuit amplifies an echo along with the desired signal, treated circuits 
must be better balanced than untreated circuits. Poor balance results 
in listener distortion on short circuits and talker echo on long circuits. 
At a 4- to 2-wire interface, the equipment should produce at least 15 
to 18 dB of loss between the 4-wire ports (e.g., ports 3 and 2 in Fig. 2), 
including the effects of gain, over most of the voiceband. The loss at 
the VF band edges may be somewhat less, although adequate stability 
margin must be maintained. 
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4-WIRE 
TO 

2-WIRE 
TREATMENT 

UNIT 

2-WIRE CABLE 
TERMINATING 

EQUIPMENT 

Fig. 2-Balance objectives are achieved if there is at least 15- to I8-dB loss between 
ports 3 and 2 of the 4- to 2-wire transmission treatment unit. 

III. DIGITAL TREATMENT TRANSMISSION UNIT 

A block diagram of the DTTU is shown in Fig. 3. The digital ports of 
the DTTU could interface with a digital carrier or a digital switch, while 
the 2-wire analog port could interface with loop plant cable or trunk 
cable. The DTTU consists of a DSP, a line interface unit (LIU), and the 
appropriate logic devices to interface the DSP to the LIU. All adjustable 
gain, equalization, and echo cancellation are provided by digital filters 
implemented with the DSP. The remaining DTTU functions, such as 
encoding and decoding of signals, are provided in the LIU. 

3. 1 Line interface unit transmission functions 

The experimental version of the LIU contains a commercially avail­
able I6-bit, full-linear digital-to-analog converter. Unpublished studies 

f.----------- LINE INTERFACE UNIT (LlU) -----------.j 

RECEIVE DIRECTION 
OF TRANSMISSION -

f-----~ RECONSTRUCTION 
FILTER 

ANTIALIASING 
FILTER 

TRANSMIT DIRECTION 
OF TRANSMISSION -

2-WIRE 
LINE 
PORT 

Fig. 3-Block diagram of the digital treatment transmission unit (DTTU). 
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by J. H. W. Unger have shown that the standard Jl-255 encoding does 
not provide sufficient dynamic range for digital signal processing in 
some special service applications. The I6-bit linear encoding was 
chosen to avoid this problem. The converter is followed by a recon­
struction filter that removes energy above 4 kHz. The reconstruction 
filter drives a fixed-gain analog amplifier that, in turn, drives the 2-
wire cable through a 900-ohm transformer-coupled output. Addition­
ally, the amplifier drives an analog compromise canceler, a device 
discussed in more detail in the next paragraph. Input signals from the 
cable are coupled through the transformer to a differential amplifier. 
The differential amplifier drives an antialiasing filter that removes 
energy above 4 kHz and also removes 60-Hz induction. The output of 
the antialiasing filter is sampled at 8 kHz and then converted to digital 
form by a I6-bit, full-linear analog-to-digital converter. 

The primary purpose of the compromise canceler is to provide some 
loss (approximately 6 dB or greater) between points "a" and "b" of 
the LIU for the universe of cables with which the DTTU is expected to 
interface. Its transfer function is fixed, with one pole and no zeros. As 
compared to the DTTU performance in the absence of the compromise 
canceler, the benefits obtained are twofold: 

(i) A large signal at point "a" is less likely to overload the analog­
to-digital converter. 

(ii) The performance of the digital echo canceler in the DSP is 
enhanced. 

3.2 Digital signal processor transmission functions 

As mentioned above, all adjustable gain, equalization, and echo 
cancellation for the DTTU are provided by digital filters in the DSP. 

These fIlters are: 
(i) an equalizer for the transmit direction of transmission, 

(ii) an equalizer for the receive direction of transmission, and 
(iii) a canceler. 
The equalizers provide adjustable gain as well as adjustable equali­

zation. The transfer functions of these three fIlters are dentoed by E t, 
E r , and C, respectively. These filters will be represented in many of 
the remaining figures in this article by the symbols shown in Fig. 4. 

IV. SELECTION OF FILTER FORMS FOR THE EQUALIZERS AND 
CANCELER 

The DTTU must have the capability to provide transmission treat­
ment for a large variety of cable facilities. Laboratory and computer 
simulations of a representative sample of treated transmission facilities 
have shown that the DTTU has the required capability if the canceler 
is a 32-tap transversal fIlter and each equalizer is a fourth-order 
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DSP 

LlU -

Fig. 4-Symbolic representation of DTTU digital fIlters. 

recursive filter composed of two cascaded biquads. In Z-transform 
notation, the filter functions are: 

31 

C = L CnZ-
n

, 
n=O 

1 -1-2 
E = G II amOt + amltZ + a m 2tZ 

t t m=O 1 - bmltz- 1 - bm2tz-2 , 

1 -1-2 
E = G II amOr + a m 1rZ + a m 2r Z 

r r m=O 1 - bm1rz- 1 - bm2rz-2 

and (1) 

(2) 

Symbolic diagrams of these filters are shown in Figs. 5 and 6. (In the 
figures, x, y, VI, and V2 represent signal values, and are used for the 
discussion in Section V.) The equalizer pre-multipliers, Gt and Gr, 
allow flexibility in parceling out gain between the filter sections and in 

OUTPUT 

Fig. 5-Block diagram of a 32-tap transversal fIlter. 
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Fig. 6-Block diagram of two cascaded biquads. 

controlling coefficient magnitude, which is constrained by the nsp 
coefficient storage format to be less than 2.0. The coefficients in the 
three equations above are different for each different cable facility. 

A recursive structure, rather than a transversal structure, is used for 
the equalizers for one primary reason: in addition to providing gain 
and equalization in the frequency band 400 and 2800 Hz, for 2-wire 
transmission, it is also necessary that the equalizers provide significant 
attenuation at the VF band edges to enhance the stability margin 
performance of the nTTU. This characteristic is more readily obtained 
with a low-order recursive structure, for the transmission system under 
consideration, than it is with a reasonable size transversal filter. 

A cascaded biquad structure, rather than a direct-form fourth-order 
structure, is used for the equalizers because the transfer function of 
the cascaded structure is less sensitive to coefficient quantization. In 
Refs. 3, 4, and 5 it is shown that if the unquantized pole locations or 
zero locations lie close to each other, coefficient quantization can cause 
a large shift in the pole or zero locations. If this shift occurs, the filter 
response will differ from the desired response. In the direct-form 
realization, the shift as a function of coefficient quantization is de­
pendent on all the pole or zero locations. However, in the cascade 
form, the pole or zero shift in one section is independent of the pole or 
zero locations in the other sections. 

v . FILTER IMPLEMENTATION WITH THE DSP 

In this section, the implementation of the equalizers and canceler 
with the nsp is discussed. For a description of the nsp architecture see 
Ref. 1. There are four topics of interest with regard to the nsp program. 
These are: 
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(i) location of coefficients and delays in the RAM, 

(ii) filter implementation, 
(iii) coefficient loading, and 
(iv) program storage and execution time. 

5. 1 Digital signal processor RAM memory map 

Since the filter coefficients are different for each different cable 
facility, they must be stored in the DSP RAM. Also, the delayed signal 
values must be stored in RAM. Coefficients and delayed signal values 
are stored as shown in Fig. 7 so as to minimize the number of register 
sets required to access them. 

5.2 Filter implementation 

5.2. 1 Equalizers 

In the DSP program used for the DTTU, the three filtering operations 
are performed in the following order: 

(i) E r , 

(ii) C, 
(iii) E t • 

The canceler is discussed below. In this section Er and Et are discussed. 
Since the program steps used to implement Er and Et are identical, a 
general description of the filtering steps in two cascaded biquads is 
presented. 

Figure 6 shows a block diagram of two cascaded biquads. The input 
signal is labeled x and the output signal is labeled y. Internal signal 
values are labeled Vo and VI, with vo(n - 1), vo(n - 2), vI(n - 1), and 
VI (n - 2) being delayed signals obtained from preceding filter opera­
tions. The general sequence of operations used to filter x and obtain y 
requires nine additions and eleven multiplications for each value of x 
input to the filter. 

First, vo(n) is obtained by forming the sum 

b02 * vo(n - 2) + bOI * vo(n - 1) + G * x(n) 

in the accumulator, rounding the result, and storing it in a temporary 
register. The rounded result is vo(n). The products are performed in 
the product register before entering the accumulator. Then, vI(n) is 
obtained in an identical manner from the sum 

£lo2 * vo(n - 2) + £lol * vo(n - 1) + aoo * vo(n) 

+ bl2 * vI(n - 2) + bll * vI(n - 1). 

Finally, y(n) is obtained from the rounded value of the sum 

a12 * VI (n - 2) + all * vI(n - 1) + alO * vI(n). 
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ADDRESS CONTENTS 

o 

10 

11 

12 

43 

44 

54 

55 

56 

57 

58 

59 

89 

90 

91 

92 

93 

} 

COEFFICIENTS AND PREMULTIPLIER FOR RECEIVE PATH EQUALIZER, Er . 

STORAGE ORDER: b02r ' b 01r ' Gr , a02r' aOl r , aOOr ' 
b 12r , b llr , a12r, all r , a lOr . 

)- PREMULTIPLIER FOR CANCELER'*: 

} 

COEFFICIENTS FOR CANCELER,C. 

STORAGE ORDER: C3l , C30, C29'·.·, C2' Cl , CO· 

} 

COEFFICIENTS AND PREMULTIPLIER FOR TRANSMIT PATH EQUALIZER, Et . 

STORAGE ORDER: Gt , b02t, bOlt, a02t, aOlt, aOOt, 

b l2t , b ll t, al2t, all t, alOt· 

} 

DELAY OPERATIONS FOR FIRST BIQUAD OF Er . 
STORAGE ORDER: z-2, z-l. 

} 
DELAY OPERATORS FOR SECOND BIQUAD OF Er . 
STORAGE ORDER: z-2, z-l. 

} 

DELAY OPERATORS FOR CANCELER, C. 
STORAGE ORDER: z-3l, z-JO, z-29, .. . , z-3, z-2, z-l. 

} 
DELAY OPERATORS FOR FIRST BIQUAD OF Et . 

STORAGE ORDER: z-2, z-l. 

} 
DELAY OPERATORS FOR SECOND BIQUAD OF Et . 
STORAGE ORDER: z-2,z-1. 

*SERVES SAME PURPOSE FOR CANCELER THAT Gr AND Gt SERVE 
FOR EQUALIZERS 

Fig. 7-Locations of the coefficients and delays in DSP RAM. 

Before the next value of x enters the filter, vo(n - 2) is updated by 
setting it equal to vo(n - 1); vo(n - 1) is updated with vo(n); vl(n - 2) 
with vl(n - 1); and vl(n - 1) with vdn). 

The output of the receive path equalizer is transmitted to the digital­
to-analog converter and to the canceler input. 

5.2.2 Canceler 

Figure 5 shows a block diagram of a 32-tap transversal filter. The 
basic operation in a transversal filter is the multiplication of a tap 
coefficient by a delay output, followed by an addition in an accumu­
lator. This operation can be accomplished with a sequence of instruc-
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tions a = p + a p = axi * ryi;, where a and p are zero at the beginning 
of the sequence and RX and RY (coefficient and data address registers) 
are set to point to C31 and x(n - 31), respectively. Because the nsp 
architecture does not permit a write to RAM two instructions before 
reading a coefficient from RAM, the delay shifts must be done separately 
from the filtering. 

Once the output of the canceler is computed, it is subtracted from 
the analog-to-digital output in IBUF. The contents of the accumulator 
are then transferred to the w register, ready for use by the transmit 
path equalizer. 

5.3 Coefficient loading 

A two-step procedure is used to load the nsp RAM. In the fIrst step, 
cO is set and the address of a RAM location is transferred to the nsp. In 
the second step, c1 is set and the coefficient is transferred and stored 
in the RAM location that has the address transferred in step one. Each 
step takes one frame. The selection of the appropriate step is deter­
mined by testing the cO and c1 control bits. 

The procedure is repeated for all 54 coefficients. The coefficients are 
transmitted in order from address 0 to address 53. Because the nsp 
RAM is dynamic, and only one memory location is referenced every 
other frame, it must be refreshed every frame. This is accomplished by 
sequentially reading all locations. 

5.4 Program storage requirements and execution times 

The program to implement the filter functions and the coefficient 
loading routine requires 314 words of memory, with 21 memory loca­
tions used for the receive path equalizer, 108 for the canceler, 36 for 
the transmit path equalizer, 85 for the coefficient loading and refresh, 
and 64 for miscellaneous operations (pc sets, no-ops, etc.). In the 
experimental version of the nTTU, code was written to be clear rather 
than efficient in memory requirement. There are some techniques that 
in a final product could reduce the amount of memory required. For 
example, in doing the canceler tap update, the instruction rdi = ryp; 
was used. This requires two words of storage per "auxiliary" instruc­
tion. By using rdi = ryp a = p p = olx * c; the amount of storage for 
the update sequence is cut in half, since this is a "normal" instruction. 
The a = p p = olx * c; is just a "fill" and accomplishes no useful 
operation. 

The filtering portion of the program requires 106.40 p,s, with 12.8 JlS 
for the receive path equalizer, 56 JlS for the canceler, 12.8 JlS for the 
transmit path equalizer, and 24.8 JlS for miscellaneous operations. This 
leaves 18.6 Jls for other use. One application might be a self-diagnostic 
for the chip (e.g., check RAM or the AU). 
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VI. LOSS DEFINITIONS 

A special service circuit must provide a high-quality channel for VF 

signal transmission. Loss measurements are normally used to assess 
the performance characteristics of such facilities since many of the 
performance requirements (or objectives) for the facilities are specified 
in terms of loss, e.g., return loss (or balance and echo performance), 1-
kHz loss, and attenuation distortion. For an all-analog system, well­
known definitions and measurement procedures exist for each of these 
loss types. A service provisioned with the DTTU is not an all-analog 
system, but is, instead, a mixed analog-digital system. Since measured 
results of the characteristics of this system are important for all of the 
remaining material in this article, some of the conventions and defi­
nitions used for loss measurements in a mixed analog-digital system 
are presented in this section to aid the reader in interpreting the 
measured results. 

Two additional, and related, subjects are also discussed in this 
section. These are: Measurements required to determine filter coeffi­
cients and DTTU loss scaling. Loss scaling (signal level control) is 
necessary for the DTTU since a digital processing system has a limited 
dynamic range (determined by the I6-bit accuracy of the analog-to­
digital and digital-to-analog converters, in this case). 

A simplified topology of a typical 2-wire treated facility, with treat­
ment provided by the DTTU, is shown in Fig. 8. The DTTU ports are 
labeled 1 (2-wire port), 2 (transmit port), and 3 (receive port), with 2 
and 3 being digital ports and 1 an analog port. Depending on the 
service being provided, the terminating equipment at the far end of 
the cable (port 4) could be a central office switch or various types of 
customer premises equipment (telset, PBX, etc.). 

6. 1 Loss in a mixed analog-digital system 

The results of three loss measurements, denoted by L t , Lr, and Lc , 

are necessary for characterizing the transmission performance of the 

LlU 2-WIRE CABLE 
TERMINATING 

EQUIPMENT 

Fig. 8-Simplified topology of a typical 2-wire treated facility. 
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Fig. 9-Transmission path and facility configuration used for measurement of Lt. 

facility shown in Fig. 8. The transmission paths associated with L t , L r , 

and Lc are shown in Figs. 9, 10, and 11, where, as the figures show, 

L t = loss from far end of cable to transmit port of the 
DTTU (analog-digital loss}, 

Lr = loss from receive port of the DTTU to far end of 
cable (digital-analog loss), and 

Lc = loss from receive port of the DTTU to the transmit port 
of the DTTU (digital-digital loss}. 

To define L t , let a O-dBm analog sine-wave generator of internal 
resistance R be attached to the far end of the cable. Internal resistance 
R is either 900 or 600 ohms, depending on the impedance characteristic 
of the terminating equipment. At port 2, a sampled representation of 
this sine-wave will appear, with amplitude and phase characteristics 
determined by the transfer function of the cable-DTTU system. The 
information required for determining L t is the peak of the sine-wave 
signal at port 2. It is unlikely that the peak of this signal can or will be 

Vo -
0) 

POWER 
METER 

Fig. 10-Transmission path and facility configuration used for measurement of L r• 
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Fig. 11-Transmission path and facility configuration used for measurement of Le. 

encoded; therefore, the samples, which are considered to have integer 
representations, must be analytically processed to determine the peak. 

If the real number representation of the signal peak at port 2, as 
analytically determined, is called V, then Lt is defined as 

L t = 20 log( V{s/ V) - 20 log( V{s/ Vo) = 20 log( Vol V), 

where Vo is the level representative of 0 dBm at port 2 and Vis is the 
full-scale level (32767.0 for a 16-bit system); Vo is less than Vis, and for 
the system under consideration is defined by the relationship 

20 log(V{s/Vo) = 3 dB. 

This definition applies to both the transmit and receive ports and is 
consistent with the convention used in digital carrier systems where 
the code is J.L-255. 

To define Ln let a digital sine-wave of peak level Vo be input at port 
3. Then, an analog sine-wave will appear at the end of the cable. Its 
power in dBm, measured across resistance R, is Lr • 

Finally, to define L c, let a digital sine-wave of peak level V3 be input 
at port 3. Then, a digital sine-wave of the same frequency will appear 
at port 2. If the peak level of this signal is V2, then 

Lc = 20 log( V3 / V2 ). 

When a measurement of Lc is made to assess the echo and stability 
performance of the transmission facility, the cable will normally be 
terminated in a standard termination that is representative of the 
impedance of the terminating equipment at the far end of the cable. 

6.2 Measurements required to determine filter coefficients 

To set the equalizer and canceler filters for treatment of a metallic 
cable pair, the transmission characteristics (loss and input impedance 
vs. frequency) of the facility must be known. These may be determined 
either from a mathematical model of the cable or from measurements 
of its characteristics. A typical mode of operation for a facility to be 
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provisioned with a DTTU would be one in which the characteristics of 
the cable are measured. Since the LIU is interposed between the DSP 
and the cable facility, its transmission characteristics must be included 
in the measurements. 

In the laboratory arrangement used for this study (and in an envi­
sioned practical application), it is most convenient to make these 
measurements, which are identical to the measurements discussed in 
Section VI, utilizing digital access points in the DSP. Since measure­
ment access is through the DSP, the equalizers are set to unity and the 
canceler is set to zero. For this condition, the three loss measurement 
results are denoted by LtO, L rO, and LcQ. 

6.3 Digital treatment transmission loss scaling 

A transmission treatment unit is required to operate as a low-noise, 
linear amplifier for a wide range of signals expected to be flowing in 
the telephone network. Therefore, signal levels in the unit must be 
controlled so that a large signal is not over-amplified and hence 
distorted and a small signal is not overly attenuated toward the noise 
floor of the unit before being amplified, thereby degrading its sin. In 
the DSP, one of the most critical interfaces where signal levels must be 
controlled is the DSP-LIU interface. A large signal incident on the 
receive port should not be over-amplified by Er and therefore overflow 
and be distorted at the DSP-LIU interface. Additionally, a small signal 
incident on the 2-wire line port should not be overly attenuated in the 
LIU before being encoded and subsequently amplified by E t • 

To control the signal levels at the DSP-LIU interface, the DTTU is 
loss-scaled, i.e., signal loss through the unit is adjusted to achieve the 
desired level control. Fixed-loss (or gain) amplifiers in the LIU are used 
for this purpose. 

The magnitude of the loss scaling used for the experimental version 
of the DTTU can be exhibited by demonstrating the effect it has on loss 
measurements performed on a cable-DTTu system when the equalizers 
are set to unity. In the frequency range 200 to 3400 Hz, where the 
anti aliasing and reconstruction filters introduce negligible frequency 
shaping, 

LrO = cable loss - 7 dB 

and 

LtO = cable loss + 3 dB. 

Between 3400 and 4000 Hz, IrO and LtO remain approximately 10 dB 
apart; however, filter attenuation contributes significantly to their 
specific values. 
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VII. EQUALIZER AND CANCELER COEFFICIENTS 

This section discusses the procedures for determining equalizer and 
canceler coefficients from the measured facility transmission charac­
teristics. These procedures are based on minimum-least-square curve 
fit techniques. 

7. 1 Overview of the curve fit procedures 

The canceler and equalizer coefficients are determined by separate, 
frequency-domain, minimization algorithms. The goal, in each case, is 
to minimize a penalty function. These penalty functions are: 

Pc = L 1 C(F) - Tc(F) 1
2

, (3) 
(F}c 

P t = L (IEt(F) 1 - 1 Tt(F) 1)2, (4) 
(F}e 

Pr = L (IEr(F) 1 - 1 Tr(F) 1)2, (5) 
{F}e 

where the target functions Tc, Tt, and Tr are dependent on the 
transmission characteristics of the cable-D'ITU system. Functions T t 

and Tr are also dependent on the attenuation distortion objectives and 
I-kHz loss objective for the facility that is to receive treatment. {F}c 
denotes a set of frequencies for which Pc is to be minimized, and {F}e 
denotes a set of frequencies for which P t and Pr are to be minimized. 
Extensive study of the results achieved from minimization of the 
penalty functions listed above, for various frequency sets and for 
various cables, has shown that satisfactory curve fits can be obtained 
if 

{F}c = 100 to 3900 Hz in 100-Hz increments 

and 

{F}e = 100 to 3700 Hz in 300-Hz increments. 

In eqs. 3, 4, and 5, the canceler and equalizer functions are expressed 
in the frequency domain, i.e., the transform variable z has been 
restricted to the unit circle and is equal to 

exp(j27TF / Fs ), 

where Fs is the sampling frequency (8 kHz). 
As is shown below, minimization of Pc results in a linear solution for 

the coefficients of C, while equalizer coefficients must be determined 
with a gradient search technique. Additionally, it is shown that only P t 

or Pr need be minimized since, for a 2-wire facility, E t and Er differ 
only by a constant gain factor which is a result of the loss scaling used 
for the DTTU. 
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7.2 Canceler target function 

In both magnitude and phase, Te is equal to the transfer function 
from the receive port to the transmit port of the cable-DTTu system 
when the equalizers are set to unity and the canceler is set to zero. 
U sing the notation introduced in Section VI, the magnitude of Te is 

I Tel = 10-LcO/2o
• 

Figure 12 shows plots of Te, in dB's, for two example cable cases and 
in Figs. 13a and 13b the corresponding phase plots are shown. 

7.3 Equalizer target functions 

Functions T t and Tr are determined from the following information 
for the facility that is to receiver treatment: 

(i) I-kHz loss objective, 
(ii) attenuation distortion (AD objectives for the frequency set 

{F}e, 

2-WIRE CABLE 2.16,uF 

FREQUENCY IN KILOHERTZ 

o 0.5 1.0 1.5 2.0 2.5 3.0 3.5 4.0 
Or-----r-----r-----r-----r-----r_----r_~--r_--_. 
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o 
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N -15 

-20 

-25 

CABLE 1 = 18 kft OF 26-GAUGE NON LOADED CABLE 
CABLE 2 = 36 kft OF 24H88 LOADED CABLE 

-30L-____________________________________________ ~ 

Fig. 12-Tc versus frequency for two cable cases. 
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Fig. l3a-Phase plot of Tc for cable 1. 

Fig. l3b-Phase plot of Tc for cable 2. 

3.5 4.0 

(iii) LtO and LrO (see Section VI) for the frequencies from 400 to 2800 
Hz in 300-Hz increments. 
However, knowing Tt is equivalent to knowing Tr since 

(i) for all frequencies in the voiceband, for a treated 2-wire facility, 
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the transmit direction loss of the facility should equal the receive 
direction loss (measured on an end-to-end basis), 

(ii) LtO and LrO have the same shapes above 200 and below 4000 Hz, 
but differ in absolute magnitude by a value that is independent of 
frequency or cable type (see Section VI). 
Therefore, T t and Tr have the same shapes but differ by a constant. 
The same conclusion can therefore be drawn about E t and E r • 

Since Er can be determined from knowledge of E t and vice versa, 
the notation distinction between E t and Er is dropped for much of the 
remaining discussion. The following simplified notation will be used: 

(i) E = equalizer function, 
(ii) L = loss data used in determining equalizer coefficients (i.e., LtO 

or LrO), 
(iii) T = equalizer target function, and 
(iv) P = equalizer penalty function. 

Therefore, 

P = L (lE(F) I - I T(F) 1)2, 
{F}e 

where 
1 -1-2 

E = G IT amo + am1~1 + a m2:
2 

m=O 1 - bm1 z - bm2 z 
And finally, T will most often be expressed in dB's with the notation 

D = 2010g1TI. 

N ow the discussion returns to the main topic, the determination of T 
(i.e., D). First, the facility objectives are considered. 

For 2-wire VF treated services, the loss objective is specified at 1 
kHz and the AD objectives are specified at 400 and 2800 Hz. The AD 

objectives offer a "window" of allowed values. Since the procedure for 
determining equalizer coefficients is a curve fit, specific AD objectives 
must be chosen. The choices are: 

1 - dB roll-off at 400 Hz 

2 - dB roll-off at 2800 Hz. 

Additionally, to ensure that the equalizers are well-behaved between 
400 and 2800 Hz, it is necessary to specify AD objectives at other 
frequencies between these endpoint frequencies. The result is an AD 

objectives "curve" specified at 300 Hz increments between 400 and 
2800 Hz. The AD objective at 1 kHz is 0 dB. The AD objective curve 
used for this study, filled-in between the 300-Hz increments, is shown 
in Fig. 14. For the remainder of the discussion, the curve depicted in 
Fig. 14 is called Da. 
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Fig. 14-Attenuation distortion objective curve Oa. 

The next quantity needed for determining D is L, which is to be 
obtained by measurement. It is required that L be known for the set 
of frequencies from 400 to 2800 Hz in 300-Hz increments. Figure 15 
shows plots of L, normalized to 0 dB at 1 kHz, for two different cable 
facilities. 
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Fig. 15-L versus frequency for two example cables. 
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The quantities discussed up to this point are sufficient for determin­
ing D in the frequency band from 400 to 2800 Hz. In this frequency 
band, 

D = L - Oa - K 1, 

where Kl is the I-kHz loss objective for the treated circuit under 
consideration. 

Outside the frequency band from 400 to 2800 Hz, a shape for D is 
chosen that forces the equalizers to roll off at the VF band edges. 
Figure 16 shows D curves, normalized to 0 dB at 1 kHz, for two 
different cable facilities. 

7.4 Algorithm for minimizing Pc 

The goal of the minimization algorithm for Pc is to obtain a set of 
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Fig. lG-D = 20 Logi TI versus frequency for two example cables. 
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canceler coefficients that will result in maximum loss from port 3 to 
port 2 of the DTTU. The transfer function from port 3 to port 2 is 

~: = E2(Tc - C). 

Therefore, the function that must be minimized, in a least squares 
sense, is 

Pc = L IEI21Tc - C12. 
{F}c 

It is desirable that C not depend on the transfer functions of the 
equalizers; therefore, all equalizers are set to unity. The resulting 
function that must be minimized is 

Pc = LITe - C12. 

To minimize Pc, set 

aPe = ° 
aCm ' 

{F}c 

m = 0, 1, 2, ... , 31. 

The result is a matrix equation 

Be = D, 

where the elements of B are 

bmn = L COs[27TF(m - n)/Fs], 
(F}c 

e is the vector of tap weights, and D is a vector with elements 

dm = L Re[Tc(F)exp(j27TFm/ Fs)]. 
(F}c 

The solution for e is 

C = B-1D. 

7.5 Algorithm for minimizing P 

For vF-treated services, phase equalization is usually not required; 
therefore, it is necessary only to obtain a best fit for the magnitude of 
E. In a least squares sense, the function that must be minimized is 

13 

P = L (IE(Fi) I - I T(Fi) 1)2, 
i=1 

where Fi = (300i - 200) Hz. The simple method used for minimizing 
Pc does not yield a linear system of equations when applied to P. 
Instead, minimization of P requires a nonlinear optimization proce­
dure. The procedure chosen was developed by Steiglitz.6 Steiglitz's 
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procedure uses the Fletcher-Powe1l7 optimization technique and a 
novel approach for choosing initial conditions. 

To apply this procedure, the equalizer transfer function is first 
rewritten in the form 

E(FAX) = A 1 + xoz-
1 
+ XIZ-

2 
1 + X4Z-

1 + X5Z-
2 

= AH(F X) (6) 
" 1 - X2Z- 1 - X3Z- 2 1 - X6Z- 1 - X7Z-2 " 

where 

(The prime denotes transpose.) P can now be written in the form 
13 

P = L (lAH(Fi, X) I-I T(Fd 1)2. 
i=1 

Since I A I appears in a linear fashion, it is easy to show that the 
optimum value of I A I is 

13 

L IH(Fi , X) II T(Fd I 
I A I = -i=-1-13,,-------

L IH(Fi, X) I 
i=1 

The sign of A is irrelevant and is therefore chosen to be positive. Since 
A can be precisely determined from knowledge of X and the I-kHz 
gain of the equalizer, the nonlinear optimization algorithm is used only 
to determine X. 

For most nonlinear optimization techniques, the primary difficulty 
is in choosing an initial set of coefficients that guarantees convergence 
in a reasonable number of iterations. The following method for choos­
ing initial coefficients has worked quite well for minimization of P. 

The fIrst step is to find an optimum solution for the simpler equalizer 
function 

where 

y = (Yo, Yl, Y2, Y3Y. 

The initial values of the coefficients, yI, are chosen to be 

yI = (0.0, 0.0, 0.0, 0.0)'. 

The final values of the coefficients, obtained by minimizing 
13 

P1(Al, Y) = L (I A 1H 1(Fi, Y) I - I T(Fd 1)2 
i=1 

with the same algorithm that will be used to minimize P, are denoted 
by 
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y* = (y~, yi yt y~)'. 

Following the minimization of PI, P is minimized, with the initial 
coefficients being 

Xl = (y~, yi, yt yt 0.0, 0.0, 0.0, 0.0)'. 

The final value of X is denoted X * . 
Figure 17 shows a flow chart of the optimization algorithm used to 

Y 
PD1FF < 0.0001 >---------f 

P = PENALTY 
FUNCTION 
FOR PRESENT 
INTERATION 

Po = PENALTY 
FUNCTION 
FOR PREVIOUS 
INTERATION 

PMIN = MINIMUM 
PENALTY 
FUNCTION 
FOR ALMOST 
PERFECT 
SOLUTION 

Fig. 17-Flowchart of algorithm used to minimize PI and P. 
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minimize PI and P. NCOEFS denotes the number of coefficients that 
are being determined for anyone pass through the algorithm, with 
NCOEFS = 4 for minimization of PI and NCOEFS = 8 for minimization 
of P. In the algorithm, the common notation for both penalty functions 
is P. The reader should note the calls to functions FP and PZ in the 
algorithm. 

Function FP contains the Fletcher-Powell procedure. The FP re­
turns the current value of P and the corresponding array of coefficients. 
Within FP there are a maximum of 25 updates to the coefficients. The 
array g is used to store the array Y when NCOEFS = 4. 

The purpose of function PZ is to invert all poles and zeros that are 
outside the unit circle to the inside of the unit circle and to move all 
poles and zeros that are on the unit circle to a small distance inside. If 
any poles or zeros are outside the unit circle, the actions taken in PZ 
changes the phase of E, but not the magnitude, which is the important 
quantity in this case. 

The primary justification for the algorithm just described is that it 
has never failed to yield a suitable minimum for P, for realistic target 
functions. The algorithm takes 10 to 30 seconds of CPU time, depending 
on the cable facility, on a DEC PDP 11/70, and is written in the C 
language.s 

The output of the algorithm, X*, does not contain enough informa­
tion for a direct determination of the optimum set of equalizer coeffi­
cients. The information contained in the vector X* is sufficient only 
for a determination of the poles and zeros of E. Additionally, the 
algorithm has not necessarily yielded an ordering of the poles and 
zeros that is best suited for achieving the noise and distortion objec­
tives for the facility. These issues are now considered. The outcome is 
equalizer transfer functions in their final form, i.e., the form expected 
by the nsp program. 

7.6 Procedure for putting the equalizer functions in their final form 

When the I-kHz gain of the equalizers is determined, E t and Er can 
be expressed in the form 

Et = AtH(X*), 

Er = ArH(X*), 

(7) 

(8) 
where H was defined in eq. 6. The object of the discussion in this 
section is to outline a procedure for putting eqs. 7 and 8 in the form of 
eqs. 1 and 2. For the types of signals expected to be flowing through 
the equalizers, the goals of this procedure are as follows: 

(i) There should be minimum degradation of the s/n of the signals. 
(ii) There should be a minimum amount of signal clipping at the 

critical internal nodes (to be defined below) of the equalizers. 
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These two goals can operate at odds with each other since the 
second goal can often be achieved at the expense of the first. In 
arriving at the filter forms given in eqs. 1 and 2, the magnitude of each 
coefficient must be constrained to be less than 2.0. 

The procedure discussed below does not necessarily have general 
applicability; instead, it is intended for the specific application de­
scribed in this article. The justification for the procedure is that it 
yields the intended goals, as has been born out by experience. 

The first stage in the procedure is to select an ordering of the poles 
and zeros of the equalizer. It should be noted that eqs. 7 and 8 can be 
expressed in the form 

4 

II (1 - znz- 1
) II Ni 

n=l i=O 
E t = A t --:"'"4----- = A t - 1--· 

II (1 - Pnz- 1
) II Di 

n=l i=O 

II Ni 
i=O 

Er = A r-
1
--, 

II Di 
i=O 

where No, NI, Do, Dl are second order functions of z. If all the Zn'S are 
real, there are six ways of forming N i , while if at least two of the Zn'S 

are complex, there are only two ways of forming N i • Obviously, the 
same statements apply to Di as to the Pn'S. 

To select the ordering of the poles and zeros of E t and E r, consider­
ation must be given to the transfer functions from the input of the 
filter to the critical internal nodes9 of the filter. For two cascaded 
biquads, there are two critical internal nodes, located at the output of 
the accumulator and preceding a multiplier (see Fig. 18). At the critical 
internal nodes, overflow must be prevented for large signals input to 
the filter, and over-attenuation must be prevented for small signals 
input to the filter. The reader should note that these goals are identical 
to those for DTTU loss scaling described in Section VI. The transfer 
functions to the critical internal nodes of two cascaded biquads are 
related to the N's and D's as follows: 

Tl is proportional to 1/ D 1, 

T2 is proportional to NIl (D1D2). 

For the system under consideration, these transfer functions are picked 
according to the following criterion. Each critical node transfer func­
tion is chosen such that, in the frequency range 200 to 3400 Hz, the 
difference between the largest value of the magnitude of the transfer 
function (in dB's) and the smallest value of the transfer function is as 
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Tl AND T2 ARE 
TRANSFER FUNCTIONS 
TO THE CRITICAL NODES 

Fig. 18-Critical internal nodes of two cascaded biquads. 

small as possible for the choices that are available for the ordering of 
poles and zeros (i.e., the response is as flat as possible under the 
constraints imposed). 

For either Tl or T2 there may be six choices or two choices, 
depending on the number of complex poles and zeros. The rationale 
for the criterion given above is that it minimizes the possibility that 
gain-scaling of the filter sections will result in overflow or a degradation 
in sin at any of the frequencies in the voiceband. 

When the ordering of poles and zeros has been completed, the next 
step is to parcel out the gain factors At and A r. The notation used for 
the equalizer functions is 

where 

E = G GotNo GltN1 = G IT amOt + amltz -
1 + a m2tz-

2 

t t Do Dl t m=O 1 - bmltz-1 - b m2tz-2 , 

E = G GorNo G1rN1 = G IT amOr + amlrZ-
1 + a m2rZ-

2 

r r Do Dl r m=O 1 - bm1rz-1 - b m2rz-2 ' 

GtGOtGlt = At, 

GrGOrGlr = A r. 

For the two directions of transmission, different criteria are used to 
gain-scale the filter sections. 
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The signals incident on E t are small, having been attenuated by the 
cable. Therefore, to ensure that sin for these signals is not degraded 
further, G t and GOt are chosen at their maximum allowed values, 
determined by the coefficient magnitude constaint. Then, having 
picked G t and GOt, Glt is 

Al 
Glt = G G . 

t Ot 

The signals incident on Er are large compared to those incident on E t ; 

therefore, to ensure a minimum amount of clipping at the critical 
internal nodes of the filter, Gr and GOr are chosen to be as small as 
possible and G1r is chosen at its maximum allowed value. G1r is chosen 
first. Then Gr and GOr are chosen as follows: 

(9) 

unless, of course, the resulting GOr is too large (which is very unlikely) 
to allow GorNo to satisfy the coefficient magnitude constraint. If GOr is 
too large, as defined by eq. 9, it is chosen at its maximum value, with 
Gr chosen as 

At this point enough information is available for determination of the 
final values of the equalizer coefficients as well as the pre-multipliers 
Gt and Gr. The next important topic is the transmission performance 
of facilities for which treatment is provided by the DTTU. 

VIII. TRANSMISSION TREATMENT CAPABILITIES OF THE DTTU 

In this section the capabilities of the DTTU in providing transmission 
treatment for metallic facilities is presented. Four cable cases are used 
in the examples. These cables were chosen because they have charac­
teristics, either in loss or impedance, that are representative of "worst 
case" cables allowed in treated services. The first two cable cases were 
used for the. example measurement results for the discussion in Section 
VII. For all cases, the cables were simulated in the laboratory with 
artificial cable kits. 

8. 1 Equalization 

Figs. 19 through 22 show the results of loss measurements performed 
on a cable-DTTu system for each of the four cables. Each figure 
contains two plots, labeled "a" and "b". These plots are of 

(i) unequalized receive direction loss (a) and 
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Fig. 19-Loss measurements from receive port to end of cable 1. Plot 
(a) represents unequalized receive direction loss, and Plot (b) represents 
equalized receive direction loss. 
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(a) represents unequalized receive direction loss, and Plot (b) represents 
equalized receive direction loss. 
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Fig. 21-Loss measurements from receive port to end of cable 3. Plot 
(a) represents unequalized receive direction loss, and Plot (b) represents 
equalized receive direction loss. 
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(ii) equalized receive direction loss (b). 
For each cable, the equalized loss for the transmit direction is identical 
to the equalized loss for the receive direction, except below 200 Hz 
where the transmit direction loss is greater because of the low-fre­
quency roll-off of the anti-aliasing fIlter. The unequalized transmit 
direction loss is approximately 10 dB greater than curve "a" for 
frequencies above 200 Hz. 

For each curve labeled "b", the roll-off at 400 and 2800 Hz is 
displayed. As is evident, the roll-off results are close to the I-dB 
objective at 400 Hz and the 2-dB objective at 2800 Hz (see Section 
VII). The I-kHz loss objective for each facility is 3.5 dB. In the 
laboratory, the high-quality equalized performance shown for the four 
example cables has been consistently achieved for a large selection of 
other cables. 

8.2 Echo cancelation and balance 

Figures 23 through 26 each show the results of three separate 
measurements of loss from port 3 to port 2 of the DTTU, with each of 
the example cables in turn attached to the 2-wire port of the unit. For 
all measurements, the cable termination is 600 ohms in series with 2.16 
uF, one of the standard terminations used for VF transmission systems. 
For the measurement results labeled "a", the equalizers were set to 
unity and the canceler was set to zero, leaving only the effect of the 
fIxed compromise canceler. For the measurement results labeled "b", 
the equalizers were also set to unity, but the canceler was set to the 
result obtained through the minimization algorithm discussed in Sec­
tion VII. For the measurement results labeled "c", equalizers and 
canceler were set to the results obtained through the minimization 
algorithms. 

In Figs. 23 through 26, note that, on the whole, the effectiveness of 
the canceler increases with frequency (see curves "b"). This type of 
response counteracts the gain of the equalizers which also increases 
with frequency for the nonloaded cables. The low-frequency effective­
ness of the canceler could be improved by increasing the number of 
taps. However, increasing the number of taps is not necessary since 
the roll-off in the equalizers at these low frequencies yields the desired 
improvement in echo performance. The curves labeled "e" illustrate 
the echo perfor~ance of the facility when full treatment is applied. 
Obviously, the 15- to 18-dB echo objective (see Section II) is easily 
met for all facilities. The excellent performance shown for the example 
cables has been achieved for a large number of cables studied in the 
laboratory. 

VOICE-FREQUENCY TRANSMISSION 1615 



60.-----------------------------------------------------~ 

U) 
....J 
w 

50 

40 

~ 30 
u 
w 
Cl 

20 

10 

1.0 

26 NON LOADED, 
18-kft CABLE 

2.0 2.5 

FREQUENCY IN KILOHERTZ 

2.16fLF 

3.0 3.5 4.0 

Fig. 23-Loss measurements from receive port to transmit port (cable 1). Plot (a) 
represents equalizers set to unity, canceler to zero. Plot (b) represents equalizers set to 
unity, canceler set to result obtained with minimization algorithm. Plot (c) represents 
equalizers and canceler set to results obtained with minimization algorithms. 
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Fig. 24-Loss measurements from receive port to transmit port (cable 2). Plot (a) 
represents equalizers set to unity, canceler to zero. Plot (b) represents equalizers set to 
unity, canceler set to result obtained with minimization algorithm. Plot (c) represents 
equalizers and canceler set to results obtained with minimization algorithms. 
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Fig. 25-Loss measurements from receive port to transmit port (cable 3). Plot (a) 
represents equalizers set to unity, canceler to zero. Plot (b) represents equalizers set to 
unity, canceler set to result obtained with minimization algorithm. Plot (c) represents 
equalizers and canceler set to results obtained with minimization algorithms. 

IX. CONCLUSIONS 

It is clear "from the studies reported in this article that the nsp is 
capable of providing gain, equalization, and echo canceling for VF 

special services. Techniques have been developed for digital filter 
synthesis and implementation and for incorporating the nsp into a 
practical system. Applications to specific systems depend only on the 
issues of cost and power consumption relative to other techniques. 
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Digital Signal Processor: 

Speech Synthesis 

By M. R. BURIC, J. KOHUT, and J. P. OLIVE 

(Manuscript received June 10, 1980) 

This paper describes a device that is capable of synthesizing speech 
in real time and is based on the digital signal processor chip. The 
device performs a function of a twelfth-order linear prediction coding 
synthesizer, and as such represents a linear dynamic system approx­
imation of the vocal tract. In this model, short time segments of the 
speech waveform are derived as output of a system driven by a 
pseudo-periodic impulse sequence for voiced sounds, or by white noise 
for unvoiced sounds. The time-varying nature of the system is derived 
from the input information presented to the device for every new pitch 
period. Interfacing of the device to standard microprocessors is easy, 
so that the synthesizer can conveniently be integrated into larger 
systems. 

I. INTRODUCTION 

Speech synthesis is one of several promising areas of application for 
the digital signal processor (DSP) chip described in this issue of the 
Bell System Technical Journal. Its computational power, low cost, 
and easy interfacing are the properties that allow a design of a stand­
alone speech synthesizer with very few components outside the DSP 

chip. Such a synthesizer can be used in a variety of devices intended 
for providing new services in a business environment, as well as in 
future residential services. 

One of the most successful ways to synthesize speech is based on a 
linear predictive coding (LPC) model of a vocal tract. See Refs. 1, 2, 
and 3. In this model, the vocal tract is approximated by a linear 
dynamic system driven by impulse sequences for voiced sounds, or by 
white noise for unvoiced sounds (Fig. 1a). The difference equation for 
such a representation is 
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i=N 

s(n) = L ai s(n - i) + Gu(n). 
i=l 

(1) 

In this discrete description of a linear system, s(n) is the signal at time 
instant n, {ai; i = 1, 2, "', N} is the set of linear prediction 
coefficients, u (n) is the system input, and G is the gain coefficient. 

A pitch synchronous synthesizer is one in which a new set of 
coefficients {ai, G} is presented to it for each new pitch period (10 
milliseconds average for male voices). The coefficients are held con­
stant for the duration of the pitch interval. This assumes that the 
system properties are relatively slow-varying with respect to this time 
scale. The variation is provided by an outside source of information, 
and it can be obtained at the source either by analyzing real speech in 
an LPC analyzer, or by complete synthesis based on phonological rules. 
In the first case, the synthesizer functions as a receiver in a vocoding 
system, while in the second case, it is a final stage in a speech synthesis 
system. In addition to the LPC coefficients {ai} and gain coefficient G, 
the only other variable needed for speech synthesis is the pitch period 
of the impulse excitation in the case of voiced sounds, or a duration of 
noise excitation in the case of unvoiced sounds. 

The input-output transfer function of a linear system can be pre­
served under a set of equivalence transformations performed on the 
{ai} parameters, which yield various representations of the same 
system. See Refs. 2 and 3. This fact is used to advantage by selecting 
a representation that is least sensitive to parameter perturbations and 
errors in finite length arithmetic. In addition, it should provide an easy 
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test of the stability of the system. One such representation is the lattice 
form of a linear system, described by the following set of difference 
equations (Fig. Ib), 

im-l (n) = im (n) - k m bm- 1 (n - 1) 

bm (n) = k m im-dn) + bm-dn - 1) 

m = N, N - 1, ... ,1, (2) 

where {t and bd are forward and backward signals at an i-th lattice 
stage, and {k i } are relfection coefficients. The output of the system is 
{ io (n) }, and the input is {iN (n) }. Even though this form requires 
more multiplications per sample output, it has a very important 
property that all the reflection coefficients belong to the interval 
(-1, 1) in a stable system. 

A d~vice that performs the function of a pitch synchronous synthe­
sizer of the twelfth order in the lattice form has been designed and 
built around the digital signal processor chip. The device synthesizes 
speech in real time with an output sampling rate of 10 kHz. It is 
intended to be used in conjunction with some external device capable 
of providing the necessary system description for every new pitch 
period. This information is transmitted to the synthesizer in the form 
of a fifteen-word message, shown in Fig. 2, consisting of a header word 
used for synchronization and error recovery, a number representing 
the pitch period of excitation, an excitation amplitude, and finally the 
system parameters. The parameters are given as 15-bit reflection 
coefficients, or as 8-bit log-area parameters. 

The basic synthesizer may be interfaced to the outside world in a 
number of ways, and this will be discussed. 

II. DESCRIPTION OF THE SYNTHESIZER 

The synthesizer block diagram is shown in Fig. 3. The main com­
ponents are a digital signal processor chip, an interface for the input 

HEADER: 01000008 

PITCH PERIOD 

AMPLITUDE 

PARAMETER 1 

· · · 
PARAMETER 12 

(0 FOR NOISE EXCITATION, DURATION 10 ms) 

(0 TO 255) 

(-1 TO +1, NORMALIZED) 

(-1 TO +1, NORMALIZED) 

Fig. 2-Message format. 

SPEECH SYNTHESIS 1623 



10 

SERIAL 
INPUT 

\ 
.-------, I 

DATAo 

INPUT 
INTERFACE 

I 

INPUT 
BUFFER FULL '\ 

DATA \ 
REQUEST 

DATA 
READY 

INPUT 
CONTROL 

CLEAR TO/ 
RECEIVE 

DSP 

DATA AND 
ADDRESS 

SERIAL 
OUTPUT 

/ I .--------, 

I 
OUTPUT 

INTERFACE 

16 

16 64- X 
16-bit 
FIFO 

16 D-TO-A 
CONVERTER 

AUDIO 

OUTPUT 
/BUFFER EMPTY 

~1--__ O_U_TP_U_T __ 10 kHz 

I 
I 

" .. CLEAR TO 
SEND 

TRANSFER 
DATA 

Fig. 3-Synthesizer block diagram. 

data, and an output interface which includes a first-in-first-out buffer 
memory (FIFO). The output of the 64-word FIFO is converted to an 
analog signal through a digital-to-analog (D-to-A) converter. 

The processor derives the synthesis program from a read-only mem­
ory (ROM), which is presently external to the processor, but could be 
contained in the processor's internal memory. The computation within 
the nsp is done in an arithmetic unit that operates on a 20-bit and a 
I6-bit operand. Notably, it includes an efficient multiplier and a 40-bit 
accumulator. These provide a dynamic range which is sufficient for 
the synthesis application. The parallel and pipelined architecture of 
the processor maintains a high computational throughput rate. 

The processor utilizes a multiplexed address and data bus for ac­
cessing instructions/data stored in external memory. To transfer in­
structions or data from the memory, the processor places an address 
on the bus during the first half of the bus cycle. An address register is 
used in the synthesizer to latch the address, which specifies the 
appropriate memory location. The data from the memory is latched 
into an external data register, and transferred into the processor during 
the second half of the bus cycle. 

The input interface of the synthesizer consists of a parallel-in serial­
out shift register and associated control logic. Data requests from the 
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processor are passed to the outside source of information, and when a 
word is received, it is transferred to the processor bit-serially. 

The output interface contains a serial-to-parallel converter, fIrst-in­
fIrst-out memory buffer, and associated control logic. The output of 
the nsp is a bit-serial stream, which is shifted into the serial-in parallel­
out shift register. The sample is then transferred from the shift register 
to the FIFO, where it joins the queue of previously computed samples. 
A sample is taken out of the FIFO queue every 100 microseconds under 
control of a 10-kHz clock, and applied to the digital-to-analog con­
verter. 

The role of the FIFO memory is to even out the differences in the 
three mutually asynchronous processes that are taking place during 
synthesis. The fIrst process is the input of synthesis information into 
the nsp, the second is the computation of the speech samples, and the 
third is the output of the samples to the D-to-A converter. The input 
process is largely dependent on the host computer and its transmission 
capabilities. The use of the output FIFO relaxes the transmission 
requirements. Without the FIFO, the data would be required in a burst 
mode for each pitch period. Each burst would consist of 15 words 
transmitted within one sample period of 100 /ls. However, since the 
FIFO queue contains the accumulated output samples for up to 64 
sample periods, the input data rate is effectively decreased to 15 words 
every 6.4 milliseconds. The computational process within the nsp is 
asynchronous with respect to the output sampling rate of one sample/ 
100 microseconds. The FIFO allows the nsp to compute new samples at 
full speed by providing the capability of saving the samples until they 
are needed. This queuing mechanism requires that the average com­
putation time is less than the interval between output requests. The 
device meets this requirement, and in fact, the nsp performs the 
computations faster than required most of the time. This implies that 
there are times when the FIFO becomes full, at which point the 
computation will be suspended until output permission is granted to 
the nsp. This happens when a word is taken out of the FIFO. 

III. THE SYNTHESIS PROGRAM 

From the above description of the synthesizer, it is clear that it can 
be used for a number of different synthesis schemes, with a variety of 
speech representation algorithms (LPC, formant, etc.). 

The data rate required by the synthesizer is a very important 
parameter for a practical implementation of a voice response device. 
The data rate is a function of a speech production model used by the 
synthesizer, and of a coding scheme used to represent model param­
eters in a segment of speech. A discussion of quantization schemes of 
LPC parameters and their effects to the quality of synthesized speech 
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is given in Ref. 2. Even though a significant decrease in the input data 
rate is possible with these approaches, we will describe an implemen­
tation that does not employ parameter quantization or interpolation. 
Such a scheme is useful when the device is used in a synthesis by rule 
system. Other applications may require some form of input data 
compression. The same physical device may be used in such cases, the 
only difference would be in the nsp program. 

So far, we implemented two versions of the synthesis program for 
the synthesizer. Both of them employ the lattice form of a linear 
system. They differ only in the input data representation, one of them 
requires 15-bit reflection coefficients, and the other accepts 8-bit log­
area parameters. Clearly, the data rate in the second program is much 
lower than in the first, with only a slight decrease in speech quality. In 
this program the input data is converted into reflection coefficients by 
a table look-up procedure. The relationship between the reflection 
coefficients and log-area parameters is given by 

(3) 

where {Ad is a set of log-area parameters. This relationship is imple­
mented in such a way that for each Ai - A i+ 1 there is a value of k i in 
a look-up table. Since the log-area parameters are specified by 8-bit 
numbers, the table contains 256 entries. Once the conversion is made, 
both programs function in the same way. 

There are three major tasks that the program performs repetitively 
during the synthesis. The fIrst task is obtaining the data for the 
synthesis of every new pitch period. The input is handled jointly by 
the program and the input interface. When the program requests data 
input, the interface obtains it from the host computer, and transfers it 
into the nsp. The protocol used by the interface is described in the 
next section. This procedure is repeated for each data request by the 
nsp, until all parameters describing the next pitch period have been 
transferred from the host computer. 

Because of possible data transfer errors, a mechanism is provided 
for error recovery. Each pitch period requires a header word and 14 
parameters. The program will proceed with the synthesis only if the 
header is received. This procedure is a sufficient guard against missed 
or inserted data words. In the worst case, one pitch frame will be 
incorrectly synthesized. Without the procedure, any inserted or deleted 
data word would create a permanent synchronization offset with 
serious perceptual consequences. 

The second task of the synthesis program is to compute the speech 
samples by utilizing the input information and eq. (2). The program 
makes a decision to synthesize voiced or unvoiced sounds on the basis 
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of the pitch value. If the pitch period is encoded as a zero, the program 
simulates a transfer function driven by white noise for 100 samples (10 
ms). The noise is computed in the program as a pseudo-random 
sequence of the length 8192. Otherwise, the input to the transfer 
function is a single pulse at the beginning of the pitch period, and the 
number of produced samples is equal to the specified pitch value. The 
amplitude information is used for scaling the noise value in case of 
unvoiced sounds, or for scaling the impulse amplitude for voiced 
sounds. 

As soon as a sample is computed,it is output to the FIFO memory, 
and the program continues with the computation of the next sample. 
This final task of the program is conditioned upon the state of the 
FIFO buffer, if the buffer is full the processor waits until a word is 
removed. 

IV. INTERFACE DETAILS 

The control signals, which facilitate data transfers between the 
synthesizer and a host processor, consist of a data request signal 
generated by the device, and a data ready line activated by the host. 
These two control signals are sufficient to define a complete commu­
nication protocol with the synthesizer, so that the device can easily be 
integrated into a larger system. 

The sequence of events that occurs during the synthesis procedure 
is shown in Fig. 4. When the nsp requests new data, the interface logic 
raises the data request signal. The host processor monitors this request, 
and places a new word on the data lines. When the data is stable, the 
host processor generates an edge-justified data ready signal. The word 
is latched in the input shift register 100 ns later. Once the input word 
is latched, a signal clear to receive is sent to the nsp. The nsp then 
generates the shift-clock pulses necessary to transfer the word into its 
input buffer. When the shifting is completed (at 400-ns/bit rate), the 
data request signal goes low, until the nsp makes another request for 
a new word. 

The output of the nsp is enabled by means of a clear-to-send signal 

DATA REQUEST ~ 

I 
DATA READY n I 

-----I 

l- tQ--j 

tQ: LATENT TIME EQUALS 6 MICROSECONDS 

Fig. 4-Input protocol. 
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(CTS). This signal is granted to the nsp by the FIFO memory. The only 
times when this signal is not granted are when the FIFO queue is full, 
and for a short period after the word is placed in the queue. The latter 
is on the order of 4 microseconds, and is a result of internal data 
propagation in the FIFO. The output protocol is shown in Fig. 5. If the 
CTS is granted, the transfer of the data from the nsp to the FIFO 

memory is done in two phases. In the fIrst phase, the nsp outputs a 
bit-serial data stream into the output shift register, and in the second 
phase, the information is transferred from the shift register into the 
FIFO. This transfer is done upon receipt of a positive transition of the 
signal Output Buffer Empty, generated by the nsp at the end of output 
shifting. If the FIFO memory becomes full, the CTS is not granted until 
a sample has been taken from the head of the queue and placed into 
the D-to-A converter. 

There are two other variations of the basic synthesizer circuit that 
have been tested also. The fIrst one is a slightly enhanced version of 
the synthesizer which includes an additional fIrst-in-fIrst-out memory 
buffer at the input of the system, shown in Fig. 6. The motivation for 
this input queuing mechanism is again based on the fact that the input 
process, which feeds the synthesizer with the system coefficients, is 
asynchronous with respect to the pitch frames. This confIguration is 
especially useful when the host processor has to compute the reflection 
coefficients needed for synthesis in real-time, while the synthesizer is 
processing previously obtained parameters. Typically, the time to 
compute the 'coefficients has some variance, and this variance is 
compensated for by the "elasticity" of the input buffer. 

The second variation of the basic circuit contains no FIFO buffers. It 
demonstrates a minimal synthesizer configuration, containing only 15 
integrated circuits in addition to the nsp chip. It performs well when 
the host processor is capable of providing the input data at the required 
rate. 

The synthesizer can easily be connected to standard microcompu-

OUTPUT BUFFER 
EMPTY 

ts: SHIFT TIME EQUALS 6 MICROSECONDS 

Tt : POINT OF TRANSFER 

FIFO FULL 

tp: PROPAGATION THROUGH FIFO. EQUALS 4 MICROSECONDS 

Fig. 5-0utput protocol. 
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ters. Several types of connections have been tried successfully. One of 
them is shown in Fig. 7, where the synthesizer is contained on a single 
board interfaced directly to a standard microprocessor bus. The input 
interface appears as a single memory location in the address space of 
the processor, and the data is transferred to it by a single "move" 
instruction. The input FIFO buffer mayor may not be implemented. If 
it is, then the synthesizer interrupts the processor only when the buffer 
is empty. Without the buffer, the processor is interrupted for each data 
transfer. 

Another type of interface, shown in Fig. 8, contains a synthesizer 
and direct-memory-access (DMA) circuitry. The iput and output buffers 
are not needed in this configuration, since the synthesizer obtains the 
data by accessing the processor memory. The processor sets up a DMA 

transfer by providing an address and a data count to the synthesizer 
board. It is interrupted only when the specified number of words have 
been processed by the synthesizer. 

The third way of connecting the synthesizer to a microprocessor is 
by means of a standard parallel interface board, a standard accessory. 
In this case the synthesizer is not a part of the microcomputer system, 
rather it is an outside device. 

All of these examples show that the synthesizer may easily be 
included as a part of intelligent terminals that are usually built around 

INTERRUPT ADDRESS 
LINE BUS 

DATA 
BUS 

I 
M ICROCOMPUTE R 

BUS 

Fig. 7-Interface to microcomputer bus. 
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Fig. 8-Interface to microcomputer bus by DMA. 

standard microprocessors. A combination of data and voice services 
can be provided with such configurations. Applications that require 
low data rate to the synthesizer would use a scheme with quantized 
LPC parameters, or a synthesis program that provides for interpolation 
of log-area parameters of longer time intervals. 

V. SOFTWARE DRIVERS FOR THE SYNTHESIZER 

In order to demonstrate the flexibility of the synthesizer, two types 
of host computers were used for implementation of the synthesizer 
drivers. 

One is a stand-alone microcomputer, based on an LSI-II micropro­
cessor. This configuration includes an enhanced mini- UNIX * operat­
ing system, and is intended for real-time speech processing experi­
ments. A parallel interface port is used for driving the synthesizer. The 
hand-shaking signals required by the parallel port are in agreement 
with the ones provided by the synthesizer. The data request line 
interrupts the microprocessor, which then transmits a word to the 
synthesizer. At the same time a data ready pulse is issued, which is 
used by the synthesizer to latch the data. 

A program that drives the synthesizer with the data from a file 
containing the speech parameters is used as: 

say filename [loop] [frame] 

The program reads the file filename into a buffer, and transfers it to 
the synthesizer on the basis of the protocol described earlier. The 
optional arguments loop and frame are used for testing purposes. If 

* Registered trademark of Bell Laboratories. 
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a loop is present, the driver will synthesize the whole file, go to a mode 
of repeated transfers of a single pitch frame, whose sequential number 
is given in the argument frame, whose default value is the first pitch 
period. Once in this mode, the program allows for stepping through 
successive pitch frames, which is useful for studies of synthesized 
waveforms, and effects of finite length arithmetic to the stability of 
the lattice synthesizer. Also, an option is provided for changing the 
system coefficients during the repetitive pitch frame synthesis. 

Another host computer used for driving the synthesizer is an SEL32-
75 system. In this configuration, a DMA interface is utilized for transfer 
of pitch synchronous information to the synthesizer. The hand-shaking 
protocol between the DMA unit and the synthesizer input logic takes 
place without an involvement of the computer cpu. 

VI. CONCLUSION 

A real-time speech synthesizer, and several variations of it, have 
been designed based on the digital signal processor chip. The DSP has 
proven to be an important vehicle for digital signal processing appli­
cations, and speech processing in particular. A variety of sentences 
have been synthesized with the device. Informal listening shows no 
perceptual difference between the speech obtained by the synthesizer 
and by the general purpose computer using the same algorithm and 
floating point arithmetic. It has been demonstrated that the synthe­
sizer cal), be easily integrated into microprocessor based systems for a 
number of voice response applications. 
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This paper explores the use of the Bell Laboratories digital signal 
processing integrated circuit for digitally encoding speech or audio 
signals based on the sub-band coding technique. Sub-band coding 
represents a next level in algorithmic complexity over that of adaptive 
differential pulse-code modulation, discussed in a companion paper, 
and it has a corresponding advantage in performance. We discuss 
the details of a real-time, two-band sub-band coding implementation 
on the digital signal processor. We then comment on how this 
approach can be extended to more than two band designs for greater 
bit rate compression capability. In connection with this, we also 
consider some general issues involved in implementing multirate 
signal processing algorithms of this type on the digital signal proc­
essor. 

I. INTRODUCTION 

Digital encoding of speech and audio has been a topic of long­
standing interest for purposes of digital communications and digital 
storagel

-
3

• The efficiency of such encoding techniques depends strongly 
on the degree to which the bit rate can be reduced (compressed) 
without impairing the quality of the decoded signal. Typically, signals 
such as speech and audio have a high degree of redundancy that can 
be used to reduce this bit rate. Also, properties of human perception 
can be used to reduce the bit rate without impairing the quality of the 
decoded signal. 

To take advantage of these properties, a considerable amount of 
signal processing is necessary. Thus, in the past many of these tech­
niques have only been implemented by non-real-time computer simu­
lations or with the aid of highly specialized digital hardware. This 
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picture is now rapidly changing, as is exemplified by the recent Bell 
Laboratories digital signal processing integrated circuit (DSp).4,5 With 
this device it is possible to conveniently implement, in real time, signal 
processing algorithms of low to medium complexity. Thus, a single DSP 
integrated circuit can be used to implement many of the simpler 
encoding algorithms and multiple DSPS can be used for some of the 
more complex algorithms. 

In a companion paper,6 it is shown that the ADPCM (adaptive 
differential PCM) encoding algorithm, which offers a bit rate reduction 
factor of approximately two over conventional logarithmic companded 
PCM encoding (for speech), can be efficiently implemented on the DSP, 
and that it uses only about one-quarter of the processing capability of 
the device. In this paper, we report on continuing efforts towards a 
next level of complexity of encoding techniques on the nsp. In partic­
ular, we discuss the technique of sub-band coding (SBC).3,7,8 Our efforts 
focus primarily on a two-band sub-band coder design which demon­
strates the capability of the DSP for this class of algorithms. By 
extension of these same techniques, it is expected that more complex 
SBC designs on the DSP (e.g., four or more bands) with greater bit-rate 
compression capability will also be possible and efforts are continuing 
in this direction. 

II. THE SUB-BAND CODER ALGORITHM 

Figure 1 reviews the basic conceptual configuration for a two-band 
SBC design. The input signals s(n) is assumed to be in digital (linear 
PCM) form and it may be (optionally) filtered with a bandpass prefilter 
for reasons to be discussed later. The output signal x(n) is then divided 
into two equally spaced frequency bands by low-pass and high-pass 
fliters, hz(n) and hu(n), respectively. Each sub-band signal is reduced 
in sampling rate by a factor of two, i.e. if Fs is the sampling rate of the 
input signal, Fs/2 is the sampling rate of the sub-band signals. The 
sub-band signals are then encoded with ADPCM encoders and the 
output bits are multiplexed for storage or transmission. 

In the receiver, the sub-band signals are decoded and interpolated 
back to their original sampling rates with the aid of similar low-pass 
and high-pass fliters. The sum of the two interpolated sub-band signals, 
x(n), is the reconstructed version of the input signal, x(n), (see Fig. 1). 

This process of dividing the signal into sub-bands permits each band 
to be encoded with a different number of bits per sample and with a 
independent adaptive step-size in order to obtain a better perceived 
quality. For telephone band speech (200 to 3200 Hz) sampled at 8 kHz, 
the two-band technique provides about a 3- or 4-kb/s advantage over 
ADPCM in the bit-rate range of 24 kb/s.9 In another study,3,l0 it has 
been shown that the two-band SBC design is useful for encoding of 
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wider bandwidth (7 kHz) signals at bit rates which are commensurate 
with digital transmission rates commonly used for telephony (56 or 64 
kb/s). The "commentary quality" obtained from this design is suitable 
for applications such as broadcast services for news, correspondence, 
sports, and AM radio music transmission. 

Greater bit-rate compression, (or higher quality performance for the 
same bit rate) over that of a two-band scheme is possible with more 
bands.7

,8 This can be accomplished, for example, by further subdividing 
each of the two sub-band signals into two more sub-bands at one­
quarter of the original sampling rate to produce a four-band SBC design 
t(with equally spaced frequency bands). Alternatively, designs with 
octavely spaced bands are possible by successively subdividing the 
lower bands in a "tree structure.,,11 Such designs are a logical extension 
of the two-band approach, and they can have a performance advantage 
of up to about 8 kbls over ADPCM (in the range of 16 to 24 kb/s) for 
speech.7- 9,11 

In the following sections, we discuss in detail an implementation of 
the two-band SBC design on the DSP. In Section III, we first review 
some of the theoretical aspects of the design, particularly the structure 
of the quadrature mirror approach to the filter bank. Then, in Section 
IV, we consider some of the programming aspects of the design on the 
DSP and show how features of the DSP are used in the implementation. 

III. DESIGN CONSIDERATIONS 

3. 1 The quadrature mirror filter bank 

An important and critical aspect of the SBC design is that of the filter 
bank and its interaction with the sampling rate reduction (decimation) 
and the subsequent sampling rate increase (interpolation) of the sub­
band signals. The approach used in this design is that of the quadrature 
mirror filter bank (QMFB). 12 In this section, we will summarize the 
basic concepts of the QMFB and consider a practical filter design. Later, 
in Section 4.4, we will discuss the implementation of the QMFB on the 
DSP. 

The reduction of the sub-band sampling rates is necessary in order 
to maintain a minimal overall bit-rate in encoding these signals. This 
sampling rate reduction introduces aliasing terms in each of the sub­
band signals. For example, in the lower band the signal energy in the 
frequency range above Fs/4 is folded down into the range 0 to Fs/4 
and appears as aliasing in this signal, as illustrated by the shaded 
region in Fig. lb. Similarly, for the upper band any signal energy in 
the frequency range below Fsl4 is folded upward into its Nyquist band 
Fs/4 to Fs/2. This mutual aliasing ot signal energy between the upper 
and lower sub-bands is sometimes called interband "leakage." The 
amount ofleakage that occurs between sub-bands is directly dependent 
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on the degree to which the filters hi (n) and hu (n) approximate ideal 
low-pass and high-pass filters, respectively. 

In the reconstruction process the sub-band sampling rates are in­
creased by filling in zero valued samples between each pair of sub­
band samples. This introduces a periodic repetition of the signal 
spectra in the sub-band. For example, in the lower band the signal 
energy from ° to Fs/4 is symmetrically folded around the frequency 
Fs/4 into the range of the upper band. This unwanted signal energy, 
referred to as an "image" is filtered out by the low-pass filter hl(n) in 
the receiver. This filtering operation effectively interpolates the zero 
valued samples that have been inserted between the sub-band signals 
to values that appropriately represent the desired waveform.13 Simi­
larly, in the upper sub-band signal an image is reflected to the lower 
sub-band and filtered out by the filter -hu(n). 

The degree to which the above images are removed by the filters 
hl(n) and -hu(n) is determined by the degree to which they approxi­
mate ideal low-pass and high-pass filters. Because of the quadrature 
relationship of the sub-band signals in the QMFB the remaining com­
ponents of the images can be exactly canceled by the aliasing terms 
introduced in the analysis (in the absence of coding errors). In practice, 
this cancellation is obtained down to the level of the quantization noise 
of the coders. 

To obtain this cancellation property in the QMFB, the filters hi (n) 
and hu (n) must be symmetrical finite impulse response (FIR) designs14 
with even numbers of taps, i.e., 

for n < 0, 
and n 2: N 

(1) 

where N, even, is the number of taps. The symmetry property implies 
that 

n=O, 1,2,··., 

n=O, 1,2, ... , 

N 
--1 
2 ' 

and (2a) 

(2b) 

The QMFB further requires that the filter in Fig. 1a satisfy the condi­
tion. 12 

n = 0, 1, ... N - 1, (3) 

which is the mirror image relationship of the filters. 
With the above constraints, the aliasing cancellation property of the 

QMFB can be easily verified.12 A derivation is given in the Appendix. 
As seen from this derivation, the filters hi (n) and hu (n) must also 
ideally satisfy the condition 
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(4) 

where Hz(eiw ) and Hu(eiw ) are the Fourier transforms of hz(n) and 
hu(n), respectively. 

The above filter requirement of eq. (4) cannot be met exactly except 
when N = 2 and when N approaches infinity. However, it can be very 
closely approximated for modest values of N. Filter designs which 
satisfy eq. (2a) and approximate the condition of eq. (4) and the 
lowpass characteristic can be obtained with the aid of an optimization 
program. Reference 15 describes a procedure based on the Hooke and 
J eeves optimization algorithm and presents a set of filter designs for 
values of N = 8, 12, 16, 24, 32, 48, and 64. Also, useful but less optimal 
designs can be obtained from conventional Hanning window designs.3 

Figure 2 shows the frequency response characteristics for an N = 
32-tap filter design that was used in the nsp implementation and Table 
I gives the filter coefficients. Fig. 2a shows the magnitude of Hz(e jW

) 

and Hu(eiw ) expressed in dB as a function of wand Fig. 2b shows the 
magnitude of the expression 
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tude responses of the individual filters. (b) Magnitude response of the composite system. 
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Table I-Coefficients for 32-tap FIR quadrature mirror filter 
h[(O) = 0.002245139 = h[(31) h[(8) = -0.007961731 = h[(23) 

h[(1) = -0.003971152 = h[(30) h[(9) = -0.034964400 = h[(22) 

h[(2) = -0.001969672 = h[(29) h[(10) = 0.019472180 = h[(21) 

h[(3) = 0.008181941 = h[(28) h[(11) = 0.054812130 = h[(20) 

h[(4) = 0.000842683 = h[(27) h[(12) = -0.044524230 = h[(19) 

h[(5) = -0.014228990 = h[(26) h[(13) = -0.099338590 = h[(18) 

h[(6) = 0.002069470 = h[(25) h[(14) = 0.132972500 = h[(17) 

h[(7) = 0.022704150 = h[(24) h[(15) = 0.463674100 = h[(16) 

1 Hz(eiw ) 12 + 1 Hu(eiw ) 12 

expressed in dB as a function of w. As can be seen from Fig. 2b, the 
requirement of eq. (4) is satisfied to within ± 0.025 dB which is more 
than satisfactory for good SBC performance. The above filter design is 
based on the "32 D" design. 15 

This concludes our discussion of the QMFB conditions and the filter 
design. In Section 4.4 we discuss how the mirror image relationship of 
eq. (3) is used to advantage in the DSP implementation. 

3.2 The ADPCM coders 

The adaptive differential PCM (ADPCM) coders in the two-band SBC 

are based on the algorithm by Cummiskey, Jayant, and FianaganI6 

and they use the robust form of the step-size adaptation by Goodman 
and Wilkinson.17 

A detailed description of this algorithm is given in a companion 
paper.6 Therefore, in this section we will only briefly outline the form 
of the algorithm to identify rei event parameters and refer the reader 
to Ref. 6 for specifics. 

Figure 3a shows a simplified block diagram of the ADPCM algorithm. 
The input (decimated) sub-band signal is denoted as y(n). A predicted 
estimate of this signal, p(n), is subtracted from y(n) to produce the 
difference signal 

e(n) = y(n) - p(n). (5) 

This difference signal is then quantized with an adaptive step-size 
quantizer to produce the code word I(n) and the decoded difference 
signal e(n). 

The step-size of the quantizer f:,. (n) is adaptively varied according to 
the relation 

Ll(n) = (f:,.(n - l))Y.M(I(n - 1)), (6) 
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Fig. 3-General block diagram of the ADPCM coders. (a) Encoder. (b) Decoder. 

where L\(n - 1) is the step-size and I(n - 1) is the code word at the 
previous sample time n - 1. The parameter y is a number in the range. 

0:sy:s1, (7) 

and, typically, has a value of y = 0.98. It is used to introduce a limited 
memory to the step-size adaptation algorithm to mitigate the effects 
of channel errors. 17 The scale factor M(I(n)) is a number that depends 
on the code word I(n). If an outermost positive or negative quantizer 
level is used at time n - 1 a value of M(.) greater than one (typically 
M ( .) = 2) is used to increase the step-size for the sample time n. If a 
lower quantizer magnitude level is used at time n - 1, a value of 
M(.) less than one (typically M(.) = 0.77) is used to reduce the step­
size at time n. In this' way, the step-size is dynamically varied in an 
attempt to match the center of the quantizer characteristic to that of 
the rms level of the difference signal e (n). The values of M ( .) can be 
tailored to modify the adaptation characteristics of the quantizer. 
Typically, a faster attack (step-size increase) and a slower decay (step­
size decrease) is preferredlO

,16 for best subjective performance. 
The sum of the decoded difference signal e(n) and the predictor 

signal p (n) gives the decoded version of the input signal, denoted as 
y(n), i.e. 

y(n) = e(n) + p(n). (8) 
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This is used in the ADPCM receiver, (see Fig. 3b) to produce the decoded 
output signal. It is also used in the ADPCM transmitter (see Fig. 3a) to 
generate the predictor signal according to the relation 

p(n) = f3·Y(n - 1). (9) 

The parameter f3 determines the fraction of the signal y(n - 1) that is 
used to predict the next incoming sample y(n). Ideally it should be 
equal to the sample-to-sample correlation that exists in the signal 
y(n).16 

For speech, sampled at 8 kHz, it has been suggested that values of 
/3i = 0.7 (lower band) and f3u = -0.45 (upper band) are appropriate.9 

The negative correlation in the upper sub-band is because the fre­
quency scale of the spectrum is inverted in the decimation process of 
the QMFB. For audio signals, sampled at 14 kHz, values of f3i = 0.16 and 
/3u = -0.82 have been suggested3 (note that f3i and f3u are referred to as 
al and a2 in Ref. 3). 

The number of bits per sample used to encode each sub-band is 
dependent on the overall bit rate of the coder. For speech, sampled at 
8 kHz, a choice of 4 bits/sample for the low band and 2 bits/sample for 
the upper band leads to a 24-kb/s design. For audio, sampled at 14 
kHz, a choice of 4 bits/sample was used in each sub-band for the 56-
kb/s commentary grade coder.3 

3.3 Pre filtering 

It is sometimes desirable in SBC coding to band-limit the input signal 
prior to encoding. For example, in speech a substantial amount of 
signal energy may be present in the frequency range from 0 to 200 Hz. 
This energy contributes to an increased step-size and, therefore, more 
quantization noise in the lower sub-band. If telephone band speech 
(200 to 3200 Hz) is of interest, then band-limiting the input signal to 
this range before encoding removes the signal energy below 200 Hz 
and above 3200 Hz. This permits the use of a lower step-size in the 
bottom band and, therefore, produces less quantization noise. For 
audio, a similar advantage is gained from prefiltering by removing low 
frequency hum and turntable rumble components in the signal prior 
to encoding. 

Figure 4 shows an example of a cascade filter structure for a sixth­
order infinite impulse response (IIR) fIlterl4 that was used in the DSP 

implementation for this purpose. The coefficients for a 200- to 3200-
Hz bandpass elliptic filter design (assuming an 8-kHz sampling rate) 
are given in Table II and the frequency response for this design is 
shown in Fig. 5. 

In the design of IIR filters, some caution must be observed in 
minimizing the effects of roundoff noise, limit cycles, and dynamic 
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Fig. 4-Block diagram of the cascade structure for the IIR prefilter. 

range constraints within the filter. This can be accomplished by 
observing several rules of thumb for pairing and ordering the arrange­
ment of poles and zeroes within the cascade fliter structure and also 
by appropriately scaling the signal from section to section within the 
fliter structure to control the internal dynamic range. Further infor­
mation on this subject can be found in Refs. 14 and 18. In general, 
these procedures are more critical for high-order high Q filters and 
less critical for low-order low Q designs. 

IV. IMPLEMENTING THE SBe ALGORITHM ON THE DSP 

4.1 Some general programming considerations 

As seen from the above discussion there are a number of different 
aspects to consider in the implementation of an algorithm such as SBC 

on the nsp. In this section, we discuss some of these issues and point 
out some general programming techniques that were used. Principles 
such as modularization, stream processing, block processing, and dou­
ble buffering will be introduced. In Sections 4.2 to 4.5 we discuss more 
specifically how these principles are used in the SBC software. We will 
assume in the following disc~ssion that the reader is generally familiar 
with the nsp software. 

The software development for the SBC and similar signal processing 
algorithms is greatly simplified by recognizing the fact that there are 
several well-defined operations that are being performed in the algo­
rithm, such as filtering, coding, and sampling rate conversion. By 
identifying these operations and modularizing the software around 
them, the problem can be subdivided into a series of smaller problems. 

Table II-Coefficients for sixth-order IIR bandpass elliptic filter 
(200- to 32oo-Hz BW, 80D0-Hz sampling rate) 

A10 
All 
A12 
Bll 
B12 
A20 
A21 
A22 

1.0 B21 
-1.99730706 B22 

1.0 A30 
0.470839023 A31 
0.2281607545 A32 
0.459738676 B31 
0.0 B32 

-0.459738676 

-1.44837372 
-0.746318392 

1.0 
1.95459080 
1.0 
1.9053369 

-0.92630251 
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Fig. 5-Frequency response of the 200- to 3200-Hz (8000-Hz sampling rate) lJandpass 
elliptic fIlter. (a) Overall response. (b) Expanded view of the passband ripples. 

This modularization process consists of assigning and labeling separate 
parts of the nsp RAM memory for each block in the algorithm. For 
example, in the IIR fIlter the six internal (state) variables necessary for 
the fIlter, denoted as BPI[O], BPI[l], ... , BPI[5], can be assigned to 
RAM locations using the RAM-variable defInition statement 

ram BPI[6]. 

At the beginning of each module, the address pointers of the nsp can 
then be initialized for that module. For example, the statement 

rya = &BPI[O]; 

sets the nsp address pointer RYA to the first state variable in the filter. 
The automatic increment or decrement feature of the address pointers 
in the nsp can then be used to step RYA through the state variables 
within the module. Although it may cost a few extra lines of code, this 
simple, perhaps obvious, principle goes a long way toward simplifying 
the programming and debugging process in the nsp by unlinking the 
address connections between modules and generally producing more 
readable code. 
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Signal processing operations, such as filtering and coding, generally 
require a Single input sample and produce a single output sample for 
each sample time. They also perform essentially the same signal 
processing operations for each sample time. Such operations will be 
referred to as stream processing operations and they can be conven­
iently defined and implemented in the modular fashion discussed 
above. 

When more than one sampling rate is involved in an algorithm, the 
operations to be performed within a module, or the entire module 
itself, may be different from sample to sample. For example, if there is 
a 2-to-1 difference in sampling rate within the algorithm it may be 
necessary to perform one set of operations at the odd sample times 
(cycle zero) and a different set of operations (cycle one) at the even 
sample times in certain parts of the algorithm. For this, it is necessary 
to introduce the concepts of block processing in which different pro­
gram modules are used for different cycles. Furthermore, interfacing 
stream processing modules with block processing modules may require 
double buffering operations and care must be used to distribute the 
amount of processing performed in each cycle to avoid I/O synchroni­
zation problems. These concepts will become more clear when we 
discuss the implementation of the QMFB and sampling rate conversion 
in Sections 4.4 and 4.5. 

We first consider the implementation of the IIR prefilter and the 
ADPCM coder module. Then, we show how these modules fit within the 
general multirate processing framework of the SBC coder. 

4.2 IIR prefilter 

The IIR filter can be implemented in a straightforward stream 
processing manner on the DSP. Beause the DSP is especially suited for 
linear filtering algorithms of this type, the filter structure of Fig. 4 can 
be very efficiently realized with approximately one DSP instruction for 
each combination of a shift, multiply, and add in the structure. 

Assuming that the internal state variables are stored in RAM loca­
tions BPI[O], BPI[I], ... , BPI[5], and the input signal s(n) is in the P 
register, the following DSP instructions compute x(n) according to Fig. 
4 (see Table II for the filter coefficients). 

*rda++ = y 
*rda++ = w 

rya = &BPI[O]; 
rda = &BPI[O];; 

w=a 

a=p 
a=p+a 
a=p+a 
a=p 
a=p+a 
a=p+a 

p = BI2**rya++; 
p = BII **rya--; 
p = AI2**rya++; 
p = All **rya++; 
p = AIO*w; 
p = B22**rya++; 
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*rda++ = y 
*rda++ = w 

*rda++ = y 
*rda++ = w 

w=a 

w=a 

a=p+a 
a=p+a 
a=p 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p 
a=p+a 
a = p + a; 

p = B21 **rya--; 
p = A22**rya++; 
p = A21 **rya++; 
p = A20*w; 
p = B32**rya++; 
p = B31 * *rya--; 
p = A32**rya++; 
p = A31 **rya++; 
p = A30*w; 

The output signal s(n) appears in the A register. The fIlter coeffIcients 
are stored in the beginning of the program using # defIne statements 
and are inserted into the code by the assembler. 

4.3 ADPCM encoder and decoders 

The ADPCM encoders and decoders are also stream processing algo­
rithms in the sense that they receive a single input sample and produce 
a single output sample for each sample time. However, as seen in Fig. 
1, the sampling rate at which they operate in the SBC algorithm is one 
half of the input sampling rate. As will be discussed in the next section, 
this can be accomplished by a two-cycle computational structure in 
which the encoder and decoder for the lower sub-band are computed 
in one cycle time (cycle 0) and the encoder and decoder for the upper 
sub-band are computed in the second cycle time (cycle 1). Since each 
cycle time is associated with one-half of the input sampling rate, the 
ADPCM coders operate in a stream processing manner within this 
framework. 

See Ref. 6 for a detailed discussion of the ADPCM algorithm and its 
implementation on the DSP, since essentially the same design and code 
have been used for the SBC algorithm. 

4.4 Quadrature mirror filter bank and the multirate computational 
structure 

Perhaps the most subtle aspect of the SBC algorithm is that it is a 
multirate system;13 i.e., it has more than one sampling rate. This 
imposes a block processing framework on the computational structure 
of the system. In the next two sections, we will discuss these issues in 
more detail and present a computational structure for the two-band 
SBC. First, we will discuss the polyphase structure for the QMFB which 
takes advantage of its mirror image and multirate properties and 
results in a more effIcient realization than the one implied by Fig. 1. 

From the mirror image property of the QMFB described by eq. (3), 
note that the coeffIcients used for the upper and lower sub-band fIlters 
are identical, except for the signs of the odd-numbered coeffIcients. 
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This property can be used to save a factor of two in computation by 
sharing the computation between the filters in the manner described 
in Fig. 6.12 The partial sums of products are accumulated separately 
for the even- and odd-filter coefficient values. The sum of these two 
partial sums then gives the lower sub-band signal, and their difference 
produces the upper sub-band signal. Since the sampling rates are one­
half of the input sampling rate, an additional factor of two is gained by 
computing the sums of products indicated in Fig. 6 once for every 
other input sample. Thus, each sample is shifted two delays in the shift 
register of Fig. 6 before being used. 

Because of this sample rate reduction, the filter structure of Fig. 6 
can be divided into two parts as shown in Fig. 7. This structure is a 
two-band version of a more general class of multirate structures 
sometimes referred to as polyphase structures.13

,19 As Fig. 7 shows, the 
input signal is separated into two sets by a commutator. Assuming 
that the commutator is in the upper position at time n = -1, the upper 
branch receives odd values of x(n), i.e. x( -1), x(l), x(3), x(5) .•• , 
and the lower branch receives even values of x(n), i.e. x(O), x(2), 
x(4), .••. Both branches now operate at one-half of the original 
sampling rate. Odd values of x(n) are filtered at odd sample times in 
the upper branch with an N /2 tap filter of odd valued filter coefficients. 
Similarly, even valued samples of x(n) are filtered in the lower branch 
with an N /2 tap filter of even filter coefficients. 

At the end of the even sample times, the sums and differences of the 
two filter outputs are taken to produce the (decimated) lower and 
upper sub-band signals respectively. This sum and difference amounts 
to a two-point DFT (a discrete Fourier transform butterfly) in the two­
band polyphase framework. The purpose of the double buffer will be 
discussed in more detail in connection with the timing and control 
structure in the next section. 

By careful analysis of the receiver structure of Fig. 1 a similar 
efficient polyphase structure can be generated for the QMFB synthesis. 
Alternatively, it can be generated by applying concepts of multirate 

+ 

hQ (3) 

x(n) 

z-l Z-l z-l 

hQ(2) hQ(30) 

+ 

Fig. 6-Quadrature mirror filter bank structure that shares computation between 
upper and lower filters. 

1646 THE BELL SYSTEM TECHNICAL JOURNAL, SEPTEMBER 1981 



(CYCLE 0) 

+ 

+ 
(CYCLE 1) 

hQ(30) 

DOUBLE BUFFER 
ON CYCLE 0 
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Fig. 7-Sub-band coding transmitter structure using a polyphase QMFB. 

network transposition20 to the structure of Fig. 7. The resulting struc­
ture, with either approach is shown in Fig. 8. The sum and difference 
(an inverse DFT) of the ADPCM decoder output signals are first com­
puted to produce inputs for the odd and even FIR filters, respectively. 
At odd sample times (cycle 0) the even FIR filter coefficients (upper 
branch) are used to compute odd sample values of the output x(n), i.e. 

DOUBLE BUFFER 
ON CYCLE 0 

(CYCLE 0) ~ 
(CYCLE 0) ... 

2 z-l z-l z-l 

hQ (0) hQ(2) hQ(4) ... hQ(30) 

+ 

+ 

hQ (1) hQ(3) hQ (5) ... hQ (31) 

2 z-l z-l z-l 

(CYCLE 1) 

UPPER BAND 
(2-4 kHz) 

Fig. 8-Sub-band coding receiver structure using a polyphase QMFB for synthesis. 
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£(-1), £(1), £(3), .... At even sample times (cycle 1), the odd FIR 

filter coefficients (lower branch) are used to compute even samples of 
the output £(n), i.e. £(0), £(2), £(4), .... 

As in the analysis structure of Fig. 7, note that one-half of the filter 
computation is performed at even sample times and the other half is 
performed at the odd sample times. Thus, the computational load is 
evenly distributed between even and odd time cycles. This will be 
discussed in more detail in the next section on the control structure. 

The nsp can be very efficiently used to perform the above operations. 
For example, the FIR filters can be implemented with essentially one 
line of code per tap in the filter, plus a few setup instructions. Assuming 
that the state variables of the 16-tap odd coefficient filter in the upper 
branch of Fig. 7 are stored in RAM locations XO[O], XO[l], ... , 
XO[15], and the filter input is stored in the A register, the following 
nsp instructions compute the filter output. 

*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda-- = y 
*rda = w 

rya = &X0[15]; 
rda = &XO[15];; 
w=a a=p 

a=p 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a=p+a 
a = p + a; 

p = H31 * *rya--; 
p = H29* *rya--; 
p = H27* *rya--; 
p = H25**rya--; 
p = H23* *rya--; 
p = H21 **rya--; 
p = H19* *rya--; 
p = H17* *rya--; 
p = H15**rya--; 
p = H13* *rya--; 
p = H11 **rya--; 
p = H9**rya--; 
p = H7**rya--; 
p = H5**rya--; 
p = H3**rya--; 
p = H1*w; 

The coefficients HI, H3, ... ,H31 correspond to the fIlter coefficients 
hz(l), hz(3), .•. hz(31), respectively in Table I. They are stored at the 
beginning of the program using # define statements and inserted into 
the code using the assembler. Note that the fIlter state variables are 
addressed in reverse order, i.e. XO[15], XO[14], •.• , XO[2], XO[l], 
XO[O] and that the fIlter input is held in the w register until coefficient 
HI is reached, and then it is stored in location XO[O]. The output of 
the fIlter appears in the A register. 
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4.5 Control and data flow structure 

So far we have discussed block diagrams and programs for individual 
modules within the SBC code. In this section, we consider the overall 
control structure and flow of data within the program. Because the 
SBC algorithm is a multirate system with a sampling rate ratio of two, 
it requires a two-cycle control structure (for a sampling rate ratio of 4, 
a four-cycle control structure would be needed, ect). Cycle zero is 
associated with odd sample times n = 1, 1, 3, 5, ... , and cycle 1 is 
associated with even sample times n = 0, 2, 4, .... As seen in Figs. 7 
and 8, most of the operations in the upper branches of these structures 
are computed in cycle 0 and most of the operations in the lower 
branches are computed in cycle 1. Thus, the ADPCM coder and decoder 
for the lower sub-band are computed in cycle 0 and the ADPCM coder 
and decoder for the upper sub-band are computed in cycle 1. In this 
way, the computational load is shared equally between both cycles. 
Note that the bandpass prefilter must be computed in both cycles 
since it is implemented at the high (input) sampling rate. 

Double buffering is required in the multirate structure when data 
computed in one cycle is required in another cycle. For example, in 
Fig. 7 the outputs of the even and odd fllters are computed and stored 
in the left buffer for cycles 0 and 1, while the DFT uses available data 
from the right buffer which was computed in the previous 0 and 1 
cycles. At the beginning of cycle 0 (or the end of the last cycle) the 
data is transferred from the left buffer to the right buffer. This transfer 
can be accomplished with essentially no extra overhead by using the 
features of the DSP. 

For example the DFT sum in the upper branch of Fig. 7 is computed 
in cycle 0 (the difference is computed in cycle 1). This is accomplished 
by reading data from the left buffer (RAM memory XB[O] and XB[I]) 
and simultaneously transfering it to the right buffer (RAM memory 
XBB[O] and XBB[I]), while the DFT sum is being performed. The 
following DSP instructions perform this operation: 

*rda++ = y 
*rda = y 

rya = &XB[O]; 
rya = &XBB[O];; 

a=p 
a = p + a; 

p = *rya++; 
p = *rya; 

The DFT sum appears in the A register. In cycle 1, the DFT difference 
output is computed from data in the left buffer (read in reverse order 
to accommodate the difference operation in the DSP). 

Table III summarizes the sequence of operations that are performed 
in cycle 0 and cycle 1 of the two-band SBC software. Both the SBC 

transmitter and receiver are implemented in the same nsp for the sake 
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Table III-Control structure for two-band sse 
I. Cycle 0 A. Transmitter 

1. Double buffer 
2. DFT sum 
3. ADPCM encoder (lower band) 
4. Output (or store) code word 
5. Input one sample of x(n) 
6. BP prefllter 
7. FIR filter (upper branch) 

B. Receiver 
1. Double buffer 
2. 10FT sum 
3. FIR fllter (upper branch) 
4. Output one sample of x(n) 
5. Input code word 
6. ADPCM decode (lower band) 

II. Cycle 1 A. Transmitter 
1. DFT difference 
2. ADPCM encoder (upper band) 
3. Output (or store) code word 
4. Input one sample of x(n) 
5. BP prefllter 
6. FIR fllter (lower branch) 

B. Receiver 
1. 10FT difference 
2. FIR fllter (lower branch) 
3. Output one sample of x(n) 
4. Input code word 
5. ADPCM decode (upper band) 

Return to I. Cycle O. 

of demonstration and the code words are simply stored in memory and 
read back in the receiver. One input sample of the signal x(n) is used 
in each cycle and one output sample of x(n) is generated in each cycle. 
Although the code for the transmitter and receiver are interlaced in 
this control structure it can be easily separated, because of the modular 
design, so that the transmitter and receiver can be realized in separate 
DSPS. 

V. DISCUSSION 

We have discussed an implementation of a two-band sub-band coder 
using the DSP. Both the transmitter and receiver have been imple­
mented on the same DSP including a sixth-order bandpass prefIlter. 
The algorithm was implemented according to the signal processing 
structures in Figs. 4, 7, 8, and the ADPCM encoder and decoder struc­
tures discussed in Ref. 6. Table III outlines the overall control structure 
for the algorithm. 

The program uses approximately 98 percent of the 8-kHz real-time 
capability of the DSP running with a 5-MHz clock. It uses approxi­
mately 78 percent of the RAM and 73 percent of the ROM. If the 
transmitter and receiver are separated to two DSPS (in a practical 
situation) approximately one-half of the above processing capability 
and memory will be required for each DSP. 
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Based on the above figures the two-band commentary grade coder 
for audio ecoding at a 14-kHz sample rate3 is possible using a single 
nsp for the transmitter and another nsp for the receiver. 

Also these figures suggest that a four-band sub-band coder design 
which further subdivides each of the above two sub-bands into two 
more sub-bands by similar quadrature mirror filter techniques is 
realizable using one nsp for the transmitter and a second nsp for the 
receiver. Such designs offer greater bit-rate compression capability for 
speech than the two-band SHe algorithm discussed here.7

-
9

,1l Efforts 
are continuing in this direction 
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APPENDIX 

Aliasing Cancellation Property of the Quadrature Mirror Filter Bank 1 2 

Let Xz(e jW ) and Xu(e jW ) be the Fourier transforms of the lower and 
upper sub-band signals, respectively before decimation and X(e jW ) be 
the transform of x(n). Then 

Xz(e jW ) = X(e jW ) Hz (e jW ) , 

Xu(e jW ) = X(e jW ) Hu(e jW ) , 

and (10) 

(11) 

where Hz(e jW ) and Hu(e jW ) are the Fourier transforms of hz(n) and 
hu(n), respectively. After decimation the lower and upper sub-band 
signals will be defined as Yz(e jW ) and Yu(e jW ), respectively and can be 
expressed as13 

Yz(e jW ) = % [Xz(e jw/2) + X z(e
j (W+21T)/2)] , 

Yu(e jW ) = % [Xu(e jw/2) + X u(e j (W+21T)/2)]. 

and (12) 

(13) 

Letting Uz(e jW ) and Uu(e jW ) be the interpolated lower and upper sub­
band signals, respectively in the receiver, and ignoring effects of 
quantization because of the coders we get 

Uz(e jW ) = 2 Yz(ej2W)Hz(ejW) , 

Uu(e jW ) = -2 Y u (e
j2W )Hu (e jW ) . 

and (14) 

(15) 

Finally the output signal X(e jW ), the transform of x(n) in Fig. la, can 
be expressed as 
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Combining eqs. (10) to (16) gives the input to output relation 

)((eiw ) =)((eiW)[llr(eiW ) - ll~(eiw)] 

+ )((ei (w+1T»)[llz(e iW )ll/(ei (w+rr») -llu(eiW)llu(ei(w+rr»)]. (17) 

The first term in this expression expresses the desired signal compo­
nent of )( (e iw ) and the second term expresses the undesired aliasing 
component. The cancellation of this aliasing component can be ob­
served by transforming eq. (3) to get 

(18) 

and applying this condition to eq. (17). It can be easily verified that 
the second term cancels leaving 

)((eiw ) = )((eiw ) [llr(e iw ) -llr(ei (w+1T»)]. (19) 

From the symmetry property in eq. (2), it can be shown that the 
frequency response of ll/(eiw ) can be expressed in the form 

ll/(eiw ) = Ill/(eiW ) 1 eiw (N-I)/2. (20) 

Recalling that N is even and applying this condition to eq. (19), leads 
to the expression 

)((eiw ) = )((eiw ) [Illz(e iw ) 12 + Ill/(ei (w+1T») 12] eiw(N-I). (21) 

In the above expression, the term eiw(N-I) implies that there is an 
N - 1 sample delay between x(n) and x(n). Furthermore, it can be 
seen from eq. (21) that if x(n) is to be a (delayed) replica of x(n) then 
ll/ (eiw ) must satisfy the requirement that 

Ill/(eiw ) 12 + Ill/(ei (w+1T») 12 = 1, (22) 

or equivalently 

(23) 
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Digital Signal Processor: 

Tone Generation 
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(Manuscript received September 10, 1 980) 

Two programs have been written for the recently developed single­
chip digital signal processor (nsp) integrated circuit that enable it to 
function as a tone generator in testing transmission systems. One 
program is based on the table look-up method and the other on the 
Maclaurin expansion method. A nsp tone generator based on the 
look-up method can generate up to 12 components and is suitable for 
all transmission testing applications. A generator based on the Ma­
claurin expansion method is limited to less than four components 
and is particularly applicable in two-tone testing. 

I. INTRODUCTION 

A tone generator is required for a number of transmission system 
tests. The tones required include TOUCH-TONE® signaling, multi­
frequency (MF) signaling, a milliwatt source, centralized automatic 
reporting on trunks (cARaT) responses and CARaT test tones. In addi­
tion, a tone consisting of 21 components each having a settable phase 
and level is required for a fast Fourier transform (FFT)-based system. 
In all cases, the tone is to be transmitted on a 4-kHz digital channel, 
with a sample every 125 fls (Nyquist sampling rate of 8 kHz). Programs 
have been written for the nsp that enable it to function as a tone 
generator. The following two methods are used: (i) table look-up, and 
(ii) Maclaurin expansion. 

The table look-up method consists of storing in read only memory 
(ROM) the trigometric values of sin(n(J), where 0 ~ n ~ N, and N is 
determined by both frequency granularity requirements and harmonic 
distortion considerations. At each sampling instant, the value of the 
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sample is taken from the appropriate location of the ROM table and 
scaled for its desired level. If more than one tone is desired, each 
component is independently determined and then all component val­
ues added together to form the sample value. 

The Maclaurin expansion, 

x 2 X4 x 6 

cos(x) = 1 - - + - - - + ... 
2! 4! 6! ' 

can be used to determine successive sample values by direct calcula­
tion. The number of terms to be considered is a function of desired 
harmonic purity and the time allowed for the computation. 

II. TABLE LOOK-UP METHOD 

A program has been written for the nsp that uses the table look-up 
method to implement a tone generator. It produces up to six inde­
pendently specified components in the 0- to 4-kHz range with an 8-bit, 
Jl-255 encoded output. A diagnostic is included that checks most of the 
nsp features used by this routine. The program accepts successive 16-
bit serial input instructions that: 

(i) Specify tone generation or a diagnostic. 
(ii) Specify the number of components, from 1 to 6, that comprise 

the tone. When the number of components specified is 0, quiet tone is 
generated. When 7 components are specified, milliwatt tone is gener­
ated. 

(iii) Specify the frequency of a component, from 0 to 4 kHz, in 1/8-
Hz steps. 

(iv) Specify the phase of a component from 0 to 3600 in 1/8 0 steps. 
(v) Specify the level of a component as a fraction of full output, 

from 0 to 1 in steps as fine as 2-15
• 

(vi) Steps 3, 4, and 5 are repeated for each component comprising 
the tone. 

Tone generation starts with a reset, except when phase continuity 
is required. The output may be changed to a new frequency without 
loss of samples or phase continuity when the information about the 
new frequency is presented to the input buffer. 

The diagnostic ends with the SO-bit set to 1, if all tests pass. 

2. 1 Algorithm 

A full 27T sine table, with 512 16-bit entries is used. A 7T/2 sine table 
could be used but would require keeping track of quadrants and signs, 
which takes time and reduces the number of tones that could be 
generated. 

The table entries are so arranged that the entry for 00 is at an 
address called &T ABLE. Two hundred fifty-five successive locations 
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above this contain the positive half of the sine wave trignometric 
entries. Two hundred and fifty-six entries below this address contain 
the negative going entries. Two additional entries, corresponding to 
the first nonzero positive entry, at location (&TABLE - 257) and 0 at 
(&T ABLE + 256) are also included. Hence, the ROM table is as shown 
in Fig. l. 

Table accesses above and below the normal range may occur because 
of the effect of rounding. Electing truncation in the nsp in the initial­
ization of this process would avoid the need for adding these memory 
locations, but their presence assures continuity of sample values. 

The frequency of a component is determined by the number of table 
entries ~cp stepped per sample, if the samples being generated at a 
particular frequency are 

y(nT) = A sin(27T{nT), 

where i is the desired frequency, T is the sampling interval, and n 
takes on integer values, then the phase increment between successive 
values is 

i 27TfT = 27T-
is' 

where is = ~ = 8000 Hz is the sampling frequency. 

&TABLE - 257 VAL 

&TABLE - 256 0000 

&TABLE 0000 

& TABLE + 1 VAL 

POSITIVE 

&TABLE + 255 VAL 

&TABLE + 256 0000 

Fig. I-Read only memory table. 
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Since a full 2'7T sine wave table is present in ROM and is represented 
by 512 entries, the phase difference between successive entries is 
2'7T/512. The number of entries, 6.cj>, to be stepped per sample is, 
therefore, 

6. = 2'7Tf/BOOO = 0064f 
cj> 2'7T/512 . . 

To minimize processing time, modulo 512 arithmetic is used so that 
no sign or table limit checking is required. Incrementing around 
the table is automatic. To accomplish this, the table is entered at 
&TABLE + N.p, where N.p is modulo 512 and is stored in register y as 
shown in Fig. 2. As desired, N.p is never larger than 255 and its sign 
alternates. Assuming an initial phase of 0, N.p starts at zero and is then 
incremented by 6.cj>. Thus, for p passes 

p-l 

N.p = L Z6.cj>. 
1=0 

Given f, 6.cj> is obtained in modulo 512 by transferring as shown in Fig. 
3. 

To generate a frequency close to the desired value, it is important to 
have as much precision as possible in 6.cj>. In this case, after w register 
truncation, it is 11 bits. The precision also has a marked influence on 
harmonic distortion. * The harmonic distortion products are shown to 
be 50 dB below the fundamental for this arrangement. 

2.2 Phase continuity 

To change the frequency, 6.cj> must be changed, but phase continuity 
can be preserved. In one sample interval, the new frequency is fetched 
and the new 6.cj>, subsequently calculated, is placed into the appropriate 
random access memory (RAM) location. The calculations then proceed 
from the previously accumulated phase. 

2.3 Flow chart 

A flow chart of the nsp program is given in Fig. 4. In essence, the 
overall flow breaks down into the following areas shown in the chart: 

(la) Input a data control word, the frequencies, phases and levels, or 
(lb) Input a diagnostic control word and run. The output is a pass 

or fail indication. 
Because of the dynamic nature of the nsp RAM, it is necessary during 
the input data routine, to refresh the RAM locations. 

Once the input data process is completed, one of three paths is 
possible: 

(2a) Calculate sample values for 1 ~ n :s 6 tones. 

* W. N. Fabricius, unpublished work. 
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I 11 
,.} 

" SIGN 
\ 

"ASSUMED BINARY POINT 

Fig. 2-Modulo 512 stored in Y register. 

(2b) Calculate samples for quiet tone, n = O. 
(2c) Calculate samples for a 0 dBm, milliwatt, n = 7. 
(3a) Continue calculating with phase continuity. 
(3b) Continue with old input data. 

2.4 Experimental results 

The spectrum of the nsp output signal after decoding is given in 
Figs. 5, 6, and 7. Calculations, based on the work of Fabricius, indicate 
that the harmonic production is mainly because of the J.L-255 format. 

Some synthesized waveforms are represented by the waveforms in 
Figs. 8 and 9. 

The measured phase jitter is 0.65° at 1000 Hz and 0.75° at 1004 Hz. 
The AM jitter experienced is less than 0.1 dB. 

The linearity of the output signal fell well within the J.L-255 format 
requirements. (For this experiment, a linear output was delivered by 
the program.) 

2.5 Extensions 

The program, without J.L-255 encoding, has generated 13 components 
within a 125-J.Ls sampling interval. A total of 21 components could be 
generated by synchronizing two nsps, one producing 10 and the other 

;1'- DON'T CARE 

IBUFI r 1'1----12-----.--1 -3------.,1=->---L..4<J~ f 

':::'>-ASSUMED BINARY POINT 
;-

y-REG 1'-1 ....... 1 ____ 1_2-.-__ ----L-1 __ 7_------11 
+ 

6 

ACCUMULATOR 

W-REG 

y-REG III 
jf 

SIGN BIT ...... 

9 

MULTIPLY BY 1.024 

t 
9 

8 

11 14 l , !'J. ¢J = 1.024f '2-4 = 0.064f 

, '> ASSUMED BINARY 
/' POINT 

11 

I 11 !1 ¢J 

~ 
'ASSUMED BINARY POINT 

Fig. 3-Register manipulation for modulo 512. 
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11. The first nsp would serially transmit its 20-bit sample value, after 
generation, to the second nsp. This would take 8 Jls at a 2.5-Mb/s rate, 
and could be accomplished during the time the second nsp was 
computing its 11th component. The second nsp would then take this 
value in its input buffer and add it to its sample value, convert the 
result to Jl-255, and transmit it. 

III. MACLAURIN EXPANSION 

A program has been written for the nsp that can evaluate a truncated 
Maclaurin expansion in less than 30 Jls. Frequency resolution is not 
limited by quantizing as in the table look-up method, but by the 
accumulator and the product registers in the nsp. 

3. 1 Algorithm 

Each component is generated by a truncated Maclaurin series ex­
pansion. The choice of the number of terms included in the approxi-

981 HERTZ AT -20 dBm -51 dBm 981-HERTZ TONE 

-If- -I I-
1 KILOHERTZ 1 KILOHERTZ 

981 HERTZ AT -61 d8mO 

-If-
1 KILOHERTZ 

Fig. 5-Tone spectrum-low level (981 Hertz). 
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1962 HERTZ AT 0 dBm 1962 HERTZ AT -60 dBm 

--11- -l I-
1 KILOHERTZ 1 KILOHERTZ 

1962 HERTZ AT -68.9 d8m 

---l f-
1 KILOHERTZ 

Fig. 6-Tone spectrum at 1962 Hertz. 

mation and the point about which the series is expanded all affect the 
harmonic distortion. 

Consider the following Maclaurin series expansions around zero, 

03 05 07 

sin(O) = 0 - - + - - - + ... 
3! 5! 7! 

02 04 06 

cos(O) = 1 - 2! - 4! - 6! + .... 

The accuracy of the approximation, of course, becomes better when 
more and more terms of the expansion are used. The harmonic 
distortion because of series truncation of the cosine series is examined 
in the Appendix. Let P(O) represent the portion of the series that is 
retained, and R(O) represent the remaining terms so that 

cos 0 = P(O) + R(O), 

where both of these functions are considered defined only in the 
interval 

-7T /2 :5 0 :5 7T /2. 
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981 HERTZ AT 0 dBm 

~f-
1 KILOHERTZ 

Fig. 7-Tone spectrum-high level (981 Hertz). 

They are replicated, with sign reversals, in successive intervals of 7T 
forming a wave periodic in the interval 27T. An upper bound on the 
harmonic distortion, because of truncation after the nth term of a 
Maclaurin expansion, is 

D·· I [(2n)!] 
IstortIon:s = 20 og (7T/2)2n • 

loa-HERTZ SQUARE WAVE (6-TONE COMPONENTS) 981-HERTZ WAVEFORM (0 dBm) 

3-TONE WAVEFORM 

Fig. 8-Time domain waveforms. 
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QUIET TONE 100-HERTZ SQUARE WAVE 6-COMPONENT TONE~ 

--l I--
1 KILOHERTZ 

3 TON E (800, 1 KHz, 1200) 

--l I-
5OD-HERTZ 

Fig. 9-Spectrum of time waveforms. 

Table I lists this upper bound for values of n. This is a mathematical 
upper bound and ignores the effects of quantizing distortion. 

The harmonics generated due to the fl-255 format generally are in 
the -42 dB range. The total signal to distortion is in the 36-dB range. 
Thus, n = 4 should be used for the Maclaurin expansion since it 
produces distortion components less than those generated by the fl-
255 format. 

By a similar analysis, it can be shown that the sine series should 
also be terminated after four terms so that the harmonic distortion 
upper bound is -78.9 dB. The Maclaurin cosine series is chosen instead 

Table I-Harmonic 
distortion 

n Upper Bound 

3 -33.61 dB 
4 -60.73 dB 
5 -91.97 dB 
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of the sine series, since its highest term contains (f' instead of 07 and, 
thus, less programming is required. 

The program starts at -7T/2 and increments in steps of cj> = 27T(f, 
where f is the desired frequency and T is the interval between samples. 
The computed function should remain positive until after n samples, 
when the accrued phase On is such that On = -7T /2 + ncj> and exceeds 
7T/2. At this time, 7T is subtracted from the accrued phase yielding a 
new value On such that -7T /2 < On < 0 and the process starts again. The 
computed value is now made negative. The negative sign prefixes each 
sample until, again, the accrued phase exceeds +7T /2. Once again, 7T is 
subtracted from the accrued phase. The sign of each computed point 
becomes positive, and the algorithm cycle is complete. 

An expansion around 7T / 4 would result in less error in the resulting 
approximation at the end points, but it would require more program­
ming to fix the sign. The errors for an expansion around zero are less 
than those attributable to the Jl-255 operation and, thus, it is not 
important to reduce them. 

3.2 Flow diagram 

A simplified diagram, Fig. 10, covers the generation of one compo­
nent. Note that the loop counter (LC) serves as a flip-flop for deter­
mining the sign of the result. Suppose LC = 0 and 7T /2 has been 
exceeded. The right-hand branch decision (LC:;afO) point in Fig. 8 causes 
LC to be decremented to -1. During the next pass when the left-hand 
decision (LC:;afO) is reached, the sign of the result is changed. This is 
maintained until the accumulated phase would again exceed +7T/2, 
when traversing the right-hand decision point forces LC = o. Now, the 
computed result is positive and the process repeats. 

3.3 Experimental results 

Figure 11 shows the spectrum of the nsp output after decoding. The 
harmonics are approximately 42 dB below the fundamental as pre­
dicted for a Jl-255 decoder. Note, however, the differences in the 
spectrums for frequencies of 500 and 502 Hz. Since 500 Hz is a rational 
submultiple of 8 kHz, all samples per sine wave cycle are repeated in 
subsequent cycles. There is essentially no quantizing noise, i.e., the 
sample values are completely periodic. The pronounced spectral lines 
demonstrate this purity. For the 502-Hz case, there is no periodicity in 
the samples for successive cycles and, h~nce, quantizing noise exists. 
The peak value of the spectral harmonics are reduced and the noise 
floor is raised. 

IV. CONCLUSIONS 

A nsp tone generator using the table look-up method is able to 
generate up to 12 components (or 21 components for 2-coupled gen-
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Fig. lO-Maclaurin expansion flow diagram. 

erators) assuming a 4-kHz, p.-255 channel with an output sample every 
125 }ls. Harmonic distortion is substantially below that inherent in the 
channel. Such a versatile generator is suitable for all transmission 
system testing applications. 

Given a suitable decoder, a nsp tone generator can also be used to 
create any analog wave representable by 13 spectral lines restricted to 
the 4-kHz band. A sine wave component can be generated every 17.75 
J-is and a 26-kHz sine wave can be generated. By suitable program 
changes, it seems possible to produce a 50-kHz sine wave. 

A nsp tone generator using the Maclaurin expansion method is 
limited to less than four components. It requires less ROM than the 
table look-up method and, hence, is applicable where such a program 
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500 HERTZ 0 dBm 502 HERTZ 0 dBm 

Fig. ll-Maclaurin spectrums. 

would be co-resident with other measurement routines in a single nsp. 
Where 2-tone testing is required, e.g., envelope delay distortion, slope­
sag intermodulation distortion, etc., such a generator is especially 
applicable. 
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APPENDIX 

This analysis is directed to specifying an upper bound on the 
harmonic content of a truncated Maclaurin expansion. 

Given the Maclaurin expansion 
02 04 06 08 02(n-l) 

cos 0 = 1 - 2! + 4! - 6! + 8! - + [2(n _ I)]! (1) 

consider it as being made up of a finite polynomial P(O) consisting of 
the fIrst n terms of the above expansion and the remaining portion of 
the series R(O), i.e., 

cos 0 = P(O) + R(O). 

Consider now that a periodic function be generated such that 

for 

and 
PN(O) = 0 elsewhere. (2) 
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Similarly, 

1T 1T 
RN(O) = R(O) for - 2 =::; 0 < 2' 

and 

RN(O) = 0 elsewhere. (2a) 

By a replicating procedure, then 

n=-oo n=-oo 

The portion of eq. 3, 

n=-oo 

is the approximation used for sample generation in the Maclaurin 
series program given in this paper. 

Because of the definitions in eqs. (2) and (2a), each sum specified in 
eq. 3 is periodic with period 21T and, hence, can be expanded into a 
Fourier series. Let Pk and rk be the Fourier series coefficients defined 
by 

L (-I)npN(o - n1T) = L PkeikB, (4) 
n=-oo k=-oo 

00 

L (-I)nRN(O-n1T)= L rke ikB (5) 
n=-oo k=-oo 

and 

cos 0 = L PkeikB + L rke ikB, (6) 
k=-oo k=-oo 

where 

(7) 

and 

(8) 

Interchanging the order of integration and summation in eq. 7, then 

Ph =.2.. ~ (-l)n JTT PN(O - n1T)e-ikBdO. (9) 
21T n=-oo 

-TT 
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Changing the variable of integration y = () - n7T modifies this equation 
to be 

1 00 J-1T(n-l) 
Pk = - ~ (_l)n+kn PN(y)e-ikYdy, 

27T n=-oo -1T(n+l) 
(10) 

and further simplifies to 

1 00 J-1T(n-l) 
Pk = - ~ (_I)n(1+k) PN(y)e-ikYdy. 

27T n=-oo -1T(n+l) 
(11) 

Because of the definition of PN(y), the integral only exists for n = 1, 
-1,0; 

Combining these terms results in 

1 J1T
1

2 Pk = - [1 + (_I)(1+k)] PN(y)e-ikYdy. 
27T -1T~ 

(13) 

When k is even, Pk = 0, therefore, only odd harmonics exist in the 
periodic function given by eq. 4. Since PN «()) is an even function, it 
follows that 

2 11T/2 
Pk = - PN «()) cos k()d() 

7T 0 
k odd. (14) 

By a completely similar development for rk, and substituting into 
eq.6, 

cos () = 2 [k~l Pk cos k() + k~l rk cos k()] . (15) 

kodd kod<l 

From this equation, it is apparent that 

Pk = -rk and k =F 1 (16) 

since only the fundamental exists on the left-hand side of the equation. 
Given the properties of R(O) such that each term is positive and 

smaller than the preceding term, then one can state that the magnitude 
of the fust term of R«()) is greater than \ R (0) \. Hence, if P(O) contains 
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n terms then 
(}2n 
-, ::: 1 R«(}) I· 
2n. 

(17) 

The stipulation that the terms are successively smaller implies for the 
m th and m th + 1 term that 

1 ::5 [(}2(m-l)/(2(m _ 1))!]/[(}2m/(2m!)] = 2m(2; - 1) 

Since this must hold for all -77/2 ::5 () ::5 77/2, then 

2m(2m - 1) '" m 2 

and, hence, for this inequality to hold 

m > 1 applies. 

Equation 17, therefore, applies for maximum (), after the second term, 
and certainly then 

[(77/2)2n/(2n)!]::: IR«(}) 1 for n::: 2. (18) 

Parsevals theorem states that 

Since R«(}), and hence, RN «(}), are bounded, as has been stated in eq. 
(18), then certainly 

[(77/2)2n/(2n)!]2::: L d = L pt (20) 
k=3 k=3 
kodd kodd 

Therefore, the fIrst term of R«(}), evaluated at 77/2, represents an upper 
bound on any harmonic component of the replicated PN «(}) i.e., the 
truncated Maclaurin expansion. The harmonics of 

(Replicated (21) 
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Digital Signal Processor: 

Power Measurements 

By S. CORDRAY, D. L. FAVIN, and D. P. YORKGITIS 
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Power measurement is fundamental to transmission quality testing. 
This measurement need is extended to signals represented by digital 
bit streams. Accurate and precise measurements over a 60-dB range 
have been made using the digital signal processor. One algorithm 
that has been used measures the power of fixed-length sample se­
quences. A second algorithm yields periodically updated power mea­
surements of infinitely long sample sequences, but with slightly in­
creased measurement ripple and frequency restriction. Theoretical 
expectations for measurement variation in the fixed-length measure­
ments of noise power are also discussed. 

J. INTRODUCTION 

The measurement of power is fundamental to transmission quality 
testing. Power measurements of single tones, such as the milliwatt 
standard, are used to adjust transmission levels. Multiple-tone power 
measurements are used in nonlinear distortion testing. Examples of 
power measurements of band-limited noise are return-loss and C­
message weighted noise measurements. 

This paper gives an overview, discusses the theoretical accuracy and 
precision of digital noise power measurements, and presents some 
results using the digital signal processor (nsp) A3990 for making power 
measurements. 

II. OVERVIEW 

The measurement of power will be presented following the block 
diagram of Fig. 1. Since the incoming signal is generally encoded for 
bit compression, the signal samples first must be decoded to linear 
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BLOCK AVERAGING 
POWER MEASUREMENT: 

SUM OF SQUARED VALUES 

NUMBER OF SAMPLES 

, 
/ " POWER ENCODED 

DIGITAL 
SIGNAL 

.-----,./ ,...--___ --, MEASU RE-

ALTERNATE 
PATHS , ,­, ,-
\. /! 

EXPONENTIALLY MAPPED PAST 
POWER MEASUREMENT: 

LOW-PASS FI L TER OF 
SQUARED VALUES 

Fig. I-Time domain technique of power measurement. 

MENT 

samples, as indicated in the first block of the figure. For Jl-255 encoding 
and decoding, the nsp has a dedicated instruction set and associated 
circuitry. 

The decoded digital signal is scaled and passed through a digital 
filter. This paper discusses measurements with flat weighting, with C­
message weighting, and through a C-notched filter. 

Note that Fig. 1 depicts essentially a time-domain approach, which 
should be contrasted with the frequency-domain approach depicted in 
Fig. 2. These two approaches are tied together by Parseval's Theorem: 

Signal Power = lim ;J:T y2(t) dt = Joc S(w) dw = R(O), (1) 
:Y-+ 00::; 0 0 

where 

f7 = averaging interval, 
y(t) = analog signal, 

S(w) = the power-density spectrum, and 
R (0) = autocorrelation function at zero lag, i.e., the dc component 

of y2(t). 

The first integral in eq. (1) is implemented as in Fig. 1; the second, as 
in Fig. 2. Implementation of the latter is not discussed in this paper. 

To compute the first integral, the sample values must be squared, as 
indicated in Fig. 1. Two different methods of determining the power 
from the squared signal were used. 

The first method is the straightforward approach. If the incoming 

ENCODED 
DIGITAL 
SIGNAL 

POWER 
MEASUREMENT 

Fig. 2-Frequency domain technique of power measurement. 
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signal is considered stationary, the power can be approximated from 
the first integral of eq. (1) as follows: 

1 L:7 1 N-l 1 N-l 

R(O) ~ 07- y2(t) dt ~ NT .L yrT = N .L yr, 
~ 0 l=O l=O 

where 
N = the number of samples, 
Yi = ith signal sample, and 
T = interval between the samples (T = 125 JlS in most voice 

telephone applications). 
This approach is termed block averaging (BA) in this paper. 

(2) 

To use BA, N must be chosen large enough so that the measurement 
variation is within the required tolerance. In the next section, the 
probability of measuring noise power within certain confidence levels 
for different values of N is derived. 

The second method for extracting the dc component employs a 
convolution of the squared sample values with the infinite impulse 
response of a first-order, low-pass filter. This algorithm, described in 
Appendix B, has been termed exponentially mapped past (EMP). 

The EMP is not as applicable as BA because of the extra frequency 
components generated by squaring a signal. Because of the sampled 
nature of the signals, some components can be aliased into the pass­
band of the EMP low-pass filter and, thus, yield measurement ripples. 
For example, the EMP parameters discussed in this paper yield a ripple 
of ±OA dB for a I5-Hz tone and a ripple of less than ±O.I dB for an 80-
Hz tone. 

Once the dc component has been extracted, it can be converted to 
a dB measurement before it is reported. A method for calculating the 
required logarithms with the DSP is described in Appendix C. 

Currently, the BA program reports a dB computation once per block, 
i.e., once every N samples, where N = 4096. However, when EMP is 
used, linear-to-dB conversions can be made more frequently. After a 
conversion is made in the current EMP program, the next conversion 
can be made after another three samples have been read from the 
input buffer. The rate with which conversions can be made and 
reported during EMP power measurements depends on several vari­
ables, as explained in Appendix D. 

For display or printout routines, a binary number representing a dB 
level can be converted to binary-coded decimal (BCD). A BCD routine 
was used to yield the BA signal-to-quantizing noise ratio measurements 
described below. This routine is not discussed in this paper. 

III. THEORETICAL PRECISION OF NOISE POWER MEASUREMENTS 

In this section the noise power measurement precision that IS 

theoretically possible by digital power measurements is presented. l 
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Consider the finite set of noise samples no, nI, ... nN-l. The ac power 
of these N samples is expressed as 

1 N-l 

Pn(N) = N i~O (ni - ii)2, (3) 

where 
1 N-l 

ii = N L nj 
j=O 

is the dc component of the noise. 
How large should N be in order that the estimated power Pn(N) be 

within plus or minus some 8n (in dB) of the actual power? That is, for 
a given N, what is the probability P { } that 

I 
Pn(N). Pn(M) I 

10 log -P - 11m 10 log -P- < 8n , 
ref M-+oo ref 

(4) 

where Pref is any reference power? The following analysis assumes that 
the noise is Gaussian, but results are in most cases applicable to other 
types of noise (e.g., quantizing or coding noise). 

Assume the noise sample ni to be an independent, zero-mean, 
Gaussian random variable with finite variance (J2. Then Pn(N) is an 

estimate of (J2, with expected value = N -; 1 (J2 (see Ref. 2). To the 

accuracy required for the BA program, Pn(N) is effectively an unbiased 
estimate for N> 100. For a given 8n , eq. (4) becomes 

I 
Pn(N) (J21 

10 log -P - 10 log -P < 8n 
ref ref 

(5) 

or 

(6) 

Now if the probability density function fn(a) of PdN) can be found, 
then the probability P{ } of satisfying the inequality (5) is 

{ 

2 } J021Q8nlIO Pn(N) (J 
P 11010gp--1010gpl<8n = fn(a)da. 

ref ref o21Q-8
n
/IO 

(7) 

In Appendix A the density function is derived along with the proba­
bility. The result is 

1
/2 -t2/2 

P{I.Km -..;Val < 8n } ~ e ~ dt, 
II ",21' 

(8) 

where 
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and 

Pn(N) 
%m = 10 log --, 

Pref 

0-
2 

.Ha = 10 log -, 
Pref 

N>30, 

For a graphical representation of eq. (8), see Fig. 3. For example, with 
500 samples the probability that the noise power measurement preci­
sion is within ±0.2 dB is 53 percent. To meet standard specifications 
for noise and signal power measurements,3 N was chosen to be 4096, 
yielding a precision of ±0.5 dB. 

IV. TEST RESULTS 

The ability to measure power precisely with both the BA and EMP 

schemes can be seen by comparing BA and EMP measurements with 
the actual signal-to-quantizing noise ratios (SNRS) of ideally-encoded 
sine waves at levels ranging from 3 to -64 dBm. Such encoded sine 
waves have inherent quantizing noise frequency components across 
the voiceband range of frequencies. To make SNR measurements, the 
C-notched and C-message filters are generally used. 

1.0 r------------==""'""'-------==---------, 

oc 0.9 
w 
::oc 
Ow 
c..:: O.B wo (/)c.. 
Ow ;6 0.7 
wZ 
OC...J 
:J « 0.6 
~~ wu 
:::E « 0.5 
Ww 
II 
1-1-

~ ~ 0.4 

i=~ 
~~ 0.3 
:::1-

~ 3: 0.2 
co(/) 
0-
oc 
c.. 0.1 

N = NUMBER OF SAMPLES PER BLOCK 

0.1 0.2 0.3 0.4 0.5 

8n, IN DECIBELS 

Fig. 3-Theoretical noise power measurement precision. 
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The C-notched filter is actually two cascaded filters, each imple­
mented with three cascaded, second-order sections. The first filter, the 
C-message filter, has approximately unity gain from 1000 to 2500 Hz, 
and its attenuation increases gradually on either side of the passband 
to 54.7 dB at 60 Hz and to 13.7 dB at 3900 Hz. The second filter, the 
notch filter, is designed for attenuation of more than 50 dB from 989 
to 1020 Hz. The frequency response of the digital C-notched filter was 
measured by both the EMP measurement routine and by an analog 
power meter. The results, limited by quantizing noise, appear in Fig. 
4. 

To determine the SNR of an encoded signal between 1004 and 1020 
Hz, the C-message weighted measurement must be subtracted from 
the C-notched measurement. By means of a real-time developmental 
tool, the DSPMATE, SNR measurements were made with the BA and EMP 

programs using ideal, encoded sine waves at 1015.625 Hz. The BA and 
EMP measurements yielded a range of ±0.5 dB, which was within the 
theoretical noise power measurement precision. In Fig. 5, the BA 

derived SNRS are plotted against the actual SNRS. 

In order to retain significant bits at low power levels, the programs 
were modified when the test signal powers were below -27 dBm. After 
p.-to-linear conversion, sample values from signals above -27 dBm in 
power were divided by 4, while sample values from signals below -27 
dBm in power were multiplied by 8. The nsp can be programmed to 
choose the appropriate scaling. 

Because of quantizing noise, the maximum SNR is approximately 40 
dB. Thus, the maximum SNR in Fig. 5 is comparable to the quantizing 
noise floor of Fig. 4. 
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Fig. 4-Frequency response of a digital C-notched fIlter. (Measured signals are p.-255 
coded.) 
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Fig. 5-Measured versus actual SNRS for p.-255 encoding. (Zero dB full-load sine wave 
= 3.17 dBm.) 

V. CONCLUSION 

Two reliable methods for measuring power with the nsp have been 
presented: the BA approach, and the EMP approach. Both of the 
approaches, when examined mathematically, have no significant bias 
in their expected values. The accuracy, therefore, is as good as the 
digital samples representing the signals being measured. 

The precision of signal power, noise power, and SNR measurements 
were investigated. Digital signal processing measurements of these 
parameters showed that: 

(i) In general, signal power measurements were precise to within 
0.1 dB. 

(ii) With appropriate scaling, SNR measurements were precise to 
within 0.5 dB over a 60-dB range. 

(iii) Block-averaging noise power measurements all fell within the­
oreticallimits. 

In the EMP program, frequencies in the range 80 to 3920 Hz yielded 
measurement ripples less than ±0.1 dB, and frequencies in the range 
30 to 3970 Hz yielded ripples less than ±0.2 dB. These measurements 
were made with an EMP convolution having a 3-dB cutoff at 2.489 Hz. 
However, these ripples were about twice as large as the measurement 
ripples from the BA program. 
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Two advantages of EMP over BA are compactness of code and ability 
to update a measurement 1365 times as often. Frequent updating may 
aid in identifying particular types of problems and, hence, aid in 
problem sectionalization. 

APPENDIX A 

Derivation of Noise Power Measurement Precision 

In the following analysis, the probability density function of Pn(N) 
is presented and used to find, in computable form, the probability that 
the ac noise power Pn(N) is within some 8n (in dB) of the noise 
variance a2

• 

Recall the definition of ac noise power: 

- 1 N-l 

Pn(N) = N i~O (ni - ii)2. 

As a result of assumptions that ni is a zero-mean, Gaussian random 
variable with finite variance a2

, the probability density function of 
P n(N) (see Ref. 4) is 

a (N-3)/2e -aN/202 

fn(a) = IN ' 
2(N-l)/2(a/ N)N-1r[(N - 1)/2] 

(9) 

which is a chi-square density. Hence, the probability P{ } that Pn(N) 
is within 8n of the actual noise power is 

(10) 

U sing the substitution t = aN / a2 yields 

{I Pn(N) a21} 
P 10 log P

ref 
- 10 log Pref < 8n 

For N > 30, this probability can be expressed in terms of the normal 
probability integral:5 

{ 1 
P (N) 21} J12 

-t
2/2 

P 10 log-j;- - 10 log; < 8n ~ e ~ dt, 
ref ref 11 ,,27T 

(12) 

where 
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and 

l1 = ~2(10)-8n/lON - ~2N - 3. 

Eq. (8) and Fig. 3 in the text follow. 

APPENDIX B 

Derivation of EMP 

The result of passing an analog signal y2(t) through an analog filter 
with impulse response g(t) is P(t), where 

P(t) = L~ y'(u)g(t - u) duo (13) 

Let Tbe the sampling period of the digital signal y 2(nT), or y2(n) for 
short. The result of passing y2(n) through a digital filter with impulse 
response h(n), is P(n), where 

P(n) = L y2(k)h(n - k). 
k=-oo 

An analog, first-order, low-pass filter uses 

g(t) = {A e-
t
/

T

, 

0, 
t::: ° 
t< 0, 

(14) 

(15) 

where T is the time constant of the filter. Such a filter has a 3-dB cutoff 
at (2'7TT)-1 Hz. 

If the impulse invariance h(n) = g(nT) is used to form an equivalent 
digital filter, the corresponding impulse response is 

h(n) = ' {
A e-nT/T n ::: ° 
0, n< 0, (16) 

where T is the sampling period. Because of sampling, aliasing is 
introduced, but the effects of the aliased components are negligible if 
the cutoff frequency is low. 

For ease in notation, let m = TIT. From eqs. (14) and (16), 

P(n) = L y2(k)h(n - k), 
k=-oo 

or 
n 

P(n) = L y2(k)A e-m(n-k). (17) 
k=-oo 

From this, a simple recursive relationship for P(n) can be developed: 
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n+l 
P(n + 1) = L y2(k)A e-m(n+l-k) 

k=-oo 

n+l 
= e-m L y2(k)A e-m(n-k) 

k--oo 

(18) 

or 

P(n + 1) = e-m P(n) + Ay2(n + 1). (19) 

In eq. (19), A should be chosen to ensure unity gain at dc. To determine 
A, let 

Then, 

n~O 

n<O 
and P(-I) = o. 

P(n + 1) = e-mP(n) + AL, 

which implies that P(n) is a geometric series: 
n 

P(n) = AL L e-mk 
k=O 

1 - e-m(n+l) 

= AL 1- e-m , 

which approaches L for n approaching infinity if A = 1 - e-m
• 

(20) 

(21) 

(22) 

The EMP power measurement P(n) can, thus, be obtained by the 
recursion formula 

(23) 

where m = TIT. 
If the range of the signal power to be measured is large and no 

automatic gain control is to be used, then some double-precision 
arithmetic has to be done to save the least-significant bits resulting 
from sums and products. In particular, the result of squaring the input 
samples nearly doubles the number of significant bits in the accumu­
lator. Therefore, all bits resulting from squaring should be saved. In 
addition, EMP, which follows the squaring, should be implemented with 
double precision. 

This implementation is facilitated by representing e-m
, which is 

nearly unity for a low cutoff frequency, by 1 - 2-R
, where R is an 

integer. The time constant T is 

T = -TIln(1 - 2-R
). (24) 

For R = 9, T = 63.9 ms; and the 3-dB cutoff is 2.489 Hz, which yields 
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power measurements with ripples of less than ±0.1 dB at frequencies 
between 80 and 3920 Hz. 

To implement EMP in double precision, the stored value P(n - 1) 
must occupy two storage locations. Conveniently, one location could 
contain its integral part, while the other, its fractional part. 

APPENDIX C 

Using the DSP to Compute the Natural Logarithm of a Number 

Using the nsp, the logarithm of up to a 40-bit number P can be 
computed to an accuracy of 0.001. Suppose that 

In P = In[A(2(~)] 

= InA + gIn 2, (25) 

where A is a real number and g is an integer. Then, In P can be 
computed from 

(i) a series expansion on A plus 
(ii) a table of multiples of gIn 2. 

If 0 < A :5 2, the following expansion can be used: 

In A = (A _ 1) _ (A - 1)2 + (A - 1)3 _ (A - 1)4 + ... (26) 
234 

As indicated in Fig. 6, if 0.68 :5 A :5 1.36, then In A can be computed 
to an accuracy of ±0.001 with only four terms. Since the upper bound 
on A is twice its lower bound, g can be determined by repeated scalings 
of P by 2. 

APPENDIX D 

Rate of Linear-to-dB Conversions in the EMP Program 

In the current EMP program, a linear-to-dB conversion of the power 
measurement is made after every third sample. Although every sample 
is used to update the linear power measurement, there is insufficient 
time to make a conversion to dB after every update. 

The number of samples, S, that must be used to update the linear 
power measurement S times and to make one linear-to-dB conversion 
can be determined from the following relation: 

S(R + U) + C < ST, (27) 

where 

R = the time to check whether the input buffer is full and, if so, 
to read it, 

U = the time to update the linear power measurement using the 
new sample, 
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C = the time to make a linear-to-dB conversion of the power 
measurement, and 

T = the sampling interval. 

Then S can be any integer greater than CIT - R - U. In Fig. 7, the 
case for S = 3 is depicted. In this figure, L is the time necessary to load 
the input buffer. 

As shown in Fig. 7, the second sample in each group of three must 
be read before the third sample begins to be loaded. Expressed sym­
bolically, this means 

0.08....-----------------------r""'1 

0.06 

0.04 

Z 
0 
t=~ 
<l;u. 
~o 0.02 
x~ 
O::I: 
a: I-Q..a: 
~~ 
~O 
a:...J 

0 w...J 
1-;'<1; 
a: a: 
::J::J 
01-
u.<I; 
<l;z 
ZW _::I: 

-0.02 a: I-
00 
a: I-
a: 
W 

-0.04 

-0.06 

-0.08 "-__ -'-___ "--__ -'--__ --'-_____ -' 
o 0.68 1.36 

ARGUMENT, M 

Fig.6-Performance of a four-term polynomial approximation to the naturalloga­
rithm. 
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POWER 

MEASURE­
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DECI BE LS )--------1 

-----T-----1 
L 

Fig.7-Timing diagram showing the rate of linear-to-dB conversions in the EMP 
program. 

R + U + C + R < T + T - L, 

or 

c < 2T -. L - 2R - U. (28) 

If eq. (28) were not satisfied by C, then the second sample in each 
group of three would have to be stored during the linear-to-dB con­
version and then the sample value returned after the conversion was 
complete. 

In the current EMP program, the upper bound on C was sufficiently 
high that, with S = 3, each linear-to-dB conversion could be followed 
by a conversion to BCD. 
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Digital Signal Processor: 

Tone Detection for CCITT No.5 Transceiver 

By R. N. GADENZ 

(Manuscript received July 17, 1980) 

This paper describes the application of a recently developed large­
scale-integration digital signal processor, the nsp, to tone detection 
in a proposed digital CCITT No. 5 signaling unit. The design of the 
digital filters required in the receiver is discussed and an algorithm 
presented for tone detection. Two channels per DSP can be accom­
modated by using a sampling frequency of 8 kHz and a DSP clock of 
5 MHz. 

I. INTRODUCTION 

The application of a recently developed LSI digital signal processor, 
the nsp/ to tone detection in a proposed digital CCITT No.5 signaling 
unit is described. This unit is to be part of an echo canceler terminal 
for No.4 ESS international switching centers. At present, an analog 
configuration, which includes an analog transceiver, terminates trunks 
with CCITT No.5 signaling. 

Line signaling information in the CCITT No.5 signaling system is 
transmitted via 2400- and 2600-Hz tones used either separately or in 
combination. The block diagram of Fig. 1 shows the section of the 
proposed digital receiver to be implemented using the nsp. The band­
pass filters (BPFS) detect energy at one of the two signaling frequencies. 
The band elimination filter (BEF) serves both as a guard filter, to 
detect energy other than at the signaling frequencies, and as an 
attenuator of any signaling energy present in the input signaL The 
detector compares the outputs of the three filters and determines if 
either, or both, of the tones are present. This information is then used 
by the time validation circuit that follows. The circuit, called control 
and output logic in Fig. 1, determines if the tone(s) is(are) present for 
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Fig. I-Receiver. 

the prescribed time, as determined by the M3 signal, and also controls 
the switch that selects either the input or the BEF output as the signal 
to be sent to the AB encoder and the output. The nsp implements the 
filtering and detection functions, excluding time validation. 

II. FILTER DESIGN 

2. 1 Bandpass filters 

The design of the digital BPFS was based on the performance of the 
corresponding filters presently used in the analog CCITT No.5 signaling 
transceiver. For each filter, the transfer function in the z-domain, T(z), 
was obtained from the transfer function in the s-domain, T(s), via the 
bilinear transformation. A sampling frequency of 8 kHz was assumed. 
The transformation was accomplished using one of the interactive 
computer programs available, e.g., FILSYN.2 

Optimization in the z-domain can then be used to correct for the 
warping effect of the bilinear transformation. A program exists for this 
purpose,3 and it usually requires very few iterations to achieve excellent 
matching between the actual and the desired responses. Figure 2 
illustrates the loss response, after optimization, for the 2400-Hz BPF, 

and Fig. 3, for the 2600-Hz BPF. Figures 2 and 3 also show the 
specifications, as derived from the analog filters mentioned above. The 
response of each digital filter is slightly better than that of the 
corresponding analog design. 

Before implementing each transfer function, another step is re­
quired-the pairing of the poles and the zeros, and the ordering and 
scaling of the sections to be connected in cascade. This is done to avoid 
overflow and to reduce the quantization noise (error) due to rounding 
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or truncation at the output of the DSP arithmetic unit (AU). In-house 
programs developed by K. Mina are available to assist in these oper­
ations. 

The rounding (or truncation) of the transfer function coefficients 
also introduces a deviation in the frequency response which could be 
corrected by optimization. However, this was not necessary here, 
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Fig.2-Bandpass filter-2400 Hz. (a) Loss response. (b) Passband response-ex­
panded scale. 
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Fig. 3-Bandpass fllter-2600 Hz. (a) Loss response. (b) Passband response-ex­
panded scale. 

because the DSP allows 16-bit coefficients and, thus, the distortion 
introduced in the loss response is negligible. 

2.2 Band elimination filter 

The analog signaling transceiver uses a two-section guard fIlter to 
detect energy other than at the signaling frequencies, and a separate 
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three section BEF to remove tones, if present, from the input signal. In 
the digital signaling transceiver, only one BEF is to be used to perform 
both functions, as indicated in Fig. 1. Thus, the design of the digital 
BEF was not based on either of the two analog BEFS. Rather, a new 
analog BEF was designed to give the proper loss with only two second­
order sections. For the same passband ripple, as in the 3-section BEF 

mentioned above, the passbands are now slightly reduced, but this is 
acceptable. The saving of one second-order section is crucial for the 
implementation of more than one channel per nsp, as discussed later. 

The transfer function of this new analog BEF was then transformed 
into the z-domain and processed in a similar fashion as described 
before for the BPFS. Note that, in this case, instead of correcting the 
warping effect by optimization, a prewarped analog design could be 
used. The two approaches were in fact compared with very similar 
results. The optimization program in Ref. 3 is very efficient and, thus, 
attractive. The loss response for the digital BEF is shown in Fig. 4. 

III. DETECTOR DESIGN 

To perform the detection function, the outputs of the three filters 
are first rectified and then smoothed with a low-pass fIlter (LPF) (see 
Fig. 5). The signals PI, P2, and G then go to a threshold detector 
where the presence or absence of signaling tones is established. 

One fIrst-order section is used for each LPF. The corresponding loss 
and step responses are illustrated in Figs. 6 and 7, respectively. 

The presence of tones is determined by the following criteria: 
(i) II = 2400 Hz is present if 

(ii) h = 2600 Hz is present if 

PI 
and -> tG 

G 

P2 
and 0> tG, 

where the limits tl, th, and tG are determined from the CCITT recom­
mendations for the receiver performance. The upper limit th should be 
5 dB below the maximum amplitude of the tone (3 dBmO), and the 
lower limit tl should be 19 dB below the maximum amplitude. Then, 
considering that PI, P2, and G are approximately the average values of 
the respective signals, and that for a tone, the average value is 2/ 'IT 

times the amplitude, we get: 

th = 0.3579976064·A 

tl = 0.0714299132·A, 
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Fig. 4-Band elimination filter. (a) Loss response. (b) Stopband response-expanded 
scale. 

where A is the maximum amplitude of either tone. The value of T G 

is 5. 

IV. THE DSP ALGORITHM 

The filtering and rectification functions are easily implemented 
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Fig. 5-Details of detector function. 
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using the DSp.l The order in which these operations are executed, as 
well as the way in which the threshold detector is implemented, are 
described below. 

The sO and sl pins of the nsp are used to output the information on 
the presence of tones, thus reserving the normal (serial) DSP output for 
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Fig. 6-Low-pass fIlter-loss response. 
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the output signal of the BEF. The setting of s pins is determined as 
follows: If any condition required for tone il or i2 to be present is 
violated, a negative number is produced whose sign causes the corre­
sponding pin (sO or sl, respectively) to be set to zero. A logical one on 
either pin indicates that the corresponding tone is present, i.e., has 
been detected. 

An alternative approach could be based on the following: If any 
condition required for tones it or i2 to be present is violated, a negative 
number is stored in memory; otherwise, a positive number is stored. 
The signs of these stored numbers could then be used to construct a 
2-bit output word in which each bit indicates whether the correspond­
ing tone is present or not. (Actually an 8-bit word would have to be 
output, but the remaining 6-bits would be irrelevant.) This approach 
would use the normal nsp output for both the tone information and 
the output of the BEF, which was not desirable in this application. 
However, a few instructions would be saved, thus, freeing up some 
processing time. 

In more detail, the algorithm used here is as follows (see Fig. 8): 
(a) Set the AU and I/O control registers, clear the RAM, and initialize 

the memory pointers. 
(b) Read a fL-Iaw PCM sample from the input buffer, convert it to 

linear format, and save the result s in RAM location 127. 
(c) Process the linear sample s through the BEF and save the result 

r in the output register of the nsp AU. 
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(d) Convert the output r of the BEF to ,u-Iaw format and output it. 
(e) Rectify the output r of the BEF and process it through the LPF. 

Save the result G in RAM location 126. 
(f) Process the linear sample s through the 2400-Hz BPF, rectify the 

result and process it through the LPF. The output is Pl. Write 
zero to RAM location 125. 

(g) Compare PI with tGO G. If PI > tGO G, write PI into RAM location 
125. Otherwise, a zero remains in that RAM location, which was 
written during the execution of step (f). 

(h) Process the linear sample s through the 2600-Hz BPF, rectify the 
result and process it through the LPF. The output is P2• Write 
zero to RAM location 124. 

(i) Compare P2 with tG 0 G. If P2 > tG 0 G, write P2 into RAM location 
124. Otherwise, a zero remains in that RAM location, which was 
written during the execution of (h). 

(j) Read RAM location 125. If the write operation in (g) did not occur 
because PI :S tG 0 G, zero is obtained; otherwise, PI is read. 
Subtract tz to get a. 

(k) If the result a in (j) is negative, no fl tone is present and sO will 
be set to zero in (v) at the end of the program; continue with (p). 

(I) If the result a in (j) is zero, PI = tz; for reasons of compactness in 
the nsp code, th - tz is added and subtracted; the result is still 
zero and its sign is also zero, as for a positive number; this causes 
sO to be set to one in (v) at the end of the program, indicating 
that the fl tone is present; continue with (p). 

(m) If the result a in (j) is positive, subtract it from th - tz to get {3. 
(n) If the result f3 obtained in (m) is negative, PI > th and no fl tone 

is present; sO will be set to zero in (v) at the end of the program; 
continue with (p). 

(0) If the result {3 obtained in (m) is non-negative, PI :S th and the fl 
tone is present; sO will be set to one in (v) at the end of the 
program; continue with (p). 

(p) Read RAM location 124. If the write operation in (i) did not occur 
because P2 :S tG 0 G, zero is obtained; otherwise, P2 is read. 
Subtract tz to get y. 

(q) If the result yin (p) is negative, no f2 tone is present and sl will 
set to zero in (v); continue with step (v). 

(r) If the result yin (p) is zero, P2 = tz; for reasons of compactness in 
the nsp code, th - tz is added and subtracted; the result is still 
zero and its sign is also zero, as for a positive number; this causes 
sl to be set to one in (v), indicating that the f2 tone is present; 
continue with (v). 

(s) If the result yin (p) is positive, subtract it from tlz - tz to obtain 
8. 
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(t) If the result 8 obtained in (s) is negative, P2 > th and no h tone is 
present; sl will be set to zero in (v); continue with step (v). 

(u) If the result 8 obtained in (s) is non-negative, P2 :$ th and the h 
tone is present; sl will be set to one in (v). 

(v) Set the sO and sl pins to the proper values. 
(w) Reset the memory pointers. 
(x) Suspend the nsp operation and wait for the input buffer to be 

filled with another sample. Execution resumes when the IBF flag 
goes high. 

(y) Loop back to step (b). 
The RAM is organized as follows: 

Location Contents 
0 YI 
1 Xl State variables for BEF 
2 Y2 
3 X2 

4 X State variable for LPF following the BEF 

5 YI 
6 Xl State variables for 2400-Hz BPF 
7 Y2 
8 X2 

9 X State variable for LPF following the 2400-Hz BPF 

10 YI 
11 Xl State variables for 2600-Hz BPF 
12 Y2 
13 X2 

14 X State variable for LPF following the 2600-Hz BPF 

124 P2 
125 PI See Fig. 5 
126 G 
127 s Input sample in linear format. 

Note that, for one channel, only the fust 15 and the last four RAM 

locations are used. 
This algorithm can be easily translated into the corresponding nsp 

code, which is then assembled4 and stored in the nsp ROM. The filter 
coefficients are also stored in ROM, in line with the code. In the 
program, the quantities -(%)ta, -tzIA, and (th - tz)IA are used instead 
of the quantities ta, tz, and th, because they are more convenient. 

The loop in the program has 77 instructions, independent of the 
path followed. Then, the code for two channels will have a loop of 154 
instructions. With a 5-MHz clock, the instruction cycle is 800 ns. This 
implies that for a sampling frequency of 8 kHz, 156 instructions can be 

TONE DETECTOR 1697 



accommodated in a period (125 /ls) between samples. Therefore, with 
the algorithm given here, two channels can be implemented per nsp, 
and 12 nsps are needed per digroup of 24 channels. 

The program has been tested both in software (using the nsp 
simulator5

) and in hardware (using the nsp device with external ROM6
), 

and was found to perform as expected. 

V. CONCLUSION 

Use of the nsp in implementing filtering and tone detection functions 
in the receiver of a proposed digital CCITT No.5 signaling unit has been 
shown. Characteristics of the required digital filters have been de­
scribed, along with a procedure for designing the filters. A way to 
realize the detector has been illustrated and the criteria used to 
determine the presence of tones have been presented. Finally, an 
algorithm has been given which, for a sampling frequency of 8 kHz 
and a nsp clock of 5 MHz, allows the implementation of two channels 
per nsp. 
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ACRONYMS AND ABBREVIATIONS 

AAU 
AB 
AID 
ADPCM 
ASCII 

ATG 
ATP 
AU 
AUC 
BA 
BCD 
BEF 
BP 
BPF 
CAD 
CAROT 
CCITT 

CLKIN 
CLKOUT 
CPU 
CST 
CTR 
CTS 
CTU 
CU 
D/A 
DBS 
DFT 
DIP 
DI 
DMA 
DO 
DSP 
DSPMATE 
dspsim 
DTTU 
ESS 
EXM 
EXE 

address arithmetic unit 
address bus 
analog-to-digital conversion 
adaptive differential pulse-code modulation 
American Standard code for information inter-

change 
automatic test generation 
all tests passed 
arithmetic unit 
arithmetic unit control register 
block averaging 
binary coded decimal 
band elimination filter 
bandpass 
bandpass filter 
computer-aided design 
centralized automatic reporting on trunks 
International Telegraph and Telephone Consulta-

tive Committee (Comite Consultatif International 
Telegraphique et Telephonique) 

clock input (also pin) 
clock output (also pin) 
central processing unit 
control input (also pin) 
clear to read (pin) 
clear to send (pin) 
carrier terminal units 
control unit 
digital-to-analog conversion 
multiplexed address and data bus (pins) 
discrete Fourier transform 
dual in-line package 
data input (pin) 
direct memory access 
data output (pin) 
digital signal processor 
hardware development system for DSP 
digital signal processor simulator 
digital treatment transmission unit 
electronic switching system 
external memory control (pin) 
external memory control (pin) 
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FFT 
FIFO 
FIR 
FSK 
HGBEF 
IBF 
IBUF 
ICK 
IDFT 
IIR 
I/O 
10AC 
10C 
IR 
IS 
ISY 
LAMP 
LC 
LGBEF 
LIU 
LPC 
LPF 
LSI 
LSL{LOCAL) 
LTX 
MF 
MOSFET 
MOS 
MSI 
NMOS 
OBE 
OBUF 
OCK 
OS 
OSY 
PBX 
PC 
PCM 
PR 
PROM 
QMFB 
RAM 
RD 

fast Fourier transform 
first-in-first-out 
finite impulse response 
frequency shift keying 
high-group band elimination filter 
input buffer full (pin) 
input buffer register 
input clock (pin) 
inverse discrete Fourier transform 
infinite impulse response 
input/ output 
I/O, AAU, and control sections of DSP 
register for DSP 
instruction register 
input stack 
input synchronization (pin) 
logic analyzer for maintenance planning 
loop counter 
low-group band elimination filter 
line interface unit 
linear predictive coding 
low-pass filter 
large-scale integration 
logic simulation language 
computer-aided design system 
multifrequency 
metal-oxide-semiconductor field effect transistor 
metal-oxide semiconductor 
medium-scale integration 
N -channel metal-oxide semiconductor 
output buffer empty (pin) 
output buffer register 
output clock (pin) 
output stack 
output synchronization (pin) 
private branch exchange 
program counter 
pulse-code modulation 
program return 
programmable read-only memory 
quadrature mirror filter bank 
random access memory 
digital signal processor destination address register 
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RDA 

REST 
ROM 
RX 
RY 
RYA 

SBC 
SNR 
SOS 
SPICE 
SSI 
STB 
STR 
SYC 
TTL 
VCC 
VF 
VLSI 
VSS 
XTAL 

digital signal processor auxiliary destination address 
register 

digital signal processor reset pin 
read only memory 
digital signal processor X source address register 
digital signal processor Y source address register 
digital signal processor auxiliary Y source address 

register 
sub-band coding 
signal-to-noise ratio 
second-order section 
simulation program with integrated circuit emphasis 
small-scale integration 
synchronization pulse (pin) 
digital signal processor status register 
digital signal processor synchronization register 
transistor-transistor logic 
power supply (pin) 
voice frequency 
very large-scale integration 
ground (pin) 
crystal connection (pin) 
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involved in early work on media characterization for a millimeter 
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computerized data acquisition and analysis. Other activities include 
characterization and fault location techniques for coaxial cable. Most 
recently he has been engaged in software development for microcom­
puter-controlled facility terminal systems. 

E. James Angelo, Jr., B.S.E.E., 1939, North Carolina State Uni­
versity; S.M., 1948, Sc.D., 1952, Massachusetts Institute of Technology; 
Polytechnic Institute of Brooklyn, 1953-1968; Bell Laboratories, 
1968-. Throughout his career, Mr. Angelo has been concerned pri­
marily with the analysis and design of electronic circuits. In recent 
years, he has been engaged in the preparation of tutorial documenta­
tion for integrated electronic circuits of various kinds, both analog and 
digital, and their applications. Member, Tau Beta Pi, Eta Kappa Nu, 
Sigma Xi; Senior Member, IEEE. 

Frank E. Barber, B.S., 1974, M.S. (Electrical Engineering), 1976, 
Lehigh University; Bell Laboratories 1976-. At Bell Laboratories Mr. 
Barbar has designed metal-oxide semiconductor static and dynamic 
memories. He has also designed memory sections for microprocessor 
integrated circuits, and is currently designing an MOS static, dual-port 
RAM. Member, Tau Beta Pi, Eta Kappa Nu. 

Thomas J. Bartoli, B.S. (Electrical Engineering), 1974, Lafayette 
College; Bell Laboratories, 1966-. Since joining Bell Laboratories, Mr. 
Bartoli has been involved in the design of digital bipolar integrated 
circuits. For the past four years, he has been involved in the design of 
digital metal-oxide semiconductor very-Iarge-scale-integration circuits 
for digital signal processing applications. 

David A. Berkley, B.E.E., 1961, and Ph.D. (Applied Physics), 1966, 
Cornell University; Bell Laboratories, 1968-. Since 1975, Mr. Berkley 
has been supervisor of Electroacoustics and Acoustic Signal Processing 
in the Acoustics Research Department. His research has included 
work on nonlinear speech processing, hearing, echo suppression, and 
hands-free telephone conferencing. 
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Roy B. Blake, Jr., B.S.E.E., 1960, North Carolina State University, 
M.S.E.E., 1963, Duke University; Bell Laboratories, 1960-. In his 
early work Mr. Blake was engaged in the design of various high­
performance digital magnetic recording devices. He then spent several 
years engaged in maintenance and diagnostic software design for large 
computer systems. He is currently supervisor of a group responsible 
for the analysis and design of both voice and data transmission systems 
over metallic cables. Member, Eta Kappa Nu, Tau Beta Pi. 

James R. Boddie, B.S.E.E., 1971, Auburn University; S.M. and 
E.E., 1973, Massachusetts Institute of Technology; Ph.D. (Electrical 
Engineering), 1976, Auburn University; Bell Laboratories, 1976-. Mr. 
Boddie joineq Bell Laboratories as a Post-Doctoral Fellow in the 
Acoustics Research Department where he implemented a dereverber­
ation algorithm on an array processor. In 1977, he became a member 
of the technical staff in the Signal Processing and Integrated Circuit 
Design Department. He was an architect and circuit designer for the 
digital signal processor integrated circuit. In February, 1980, he became 
supervisor of the Digital Signal Processing Group. 

Anthony C. Bolling, A.B. (Physics and Mathematics), 1965, Pfeif­
fer College; Ph.D. (Physics), 1970, Virginia Polytechnic Institute; Bell 
Laboratories, 1970-. Mr. Bolling is a member of the Facility Terminal 
Exploratory Development Department. His early work concerned 
analytical studies of voice-frequency transmission systems. Since 1978, 
his interest has been in the exploratory development of new types of 
voice-frequency transmission systems. 

Milorad R. Buric, Dipl. Eng., 1971, University of Belgrade, Yugo­
slavia; M.S.E.E., 1975, Ph.D., 1978, University of Minnesota; Bell 
Laboratories, 1978-. Mr. Buric has done research in nonlinear system 
theory, digital signal processing, and computer architectures for real­
time speech processing. His current interests include algorithms for 
very-Iarge-scale-integration structures in speech processing and pat­
tern recognition. 

Steven P. Cordray, B.S. (Engineering Physics), 1977, University 
of Oklahoma; M.S. (Electrical Engineering), 1979, California Institute 
of Technology; Bell LahoratorieR, 1978-1981. Mr. Cordray has com­
pleted work on a microprocessor-controlled test set. The test set is 
designed to access digital pulse-code modulated signals on digital 
transmission facilities. He is now employed by Schlumberger. Member, 
Tau Beta Pi. 
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Ronald E. Crochiere, B.S. (Electrical Engineering), 1967, Milwau­
kee School of Engineering; M.S., 1968, and Ph.D. (Electrical Engi­
neering), 1974, Massachusetts Institute of Technology; Bell Labora­
tories, 1974.- Mr. Crochiere was employed by Raytheon Company 
from 1968 to 1970. In 1970, he returned to the Massachusetts Institute 
of Technology to continue graduate studies for the doctorate and, at 
the same time, he became a member of the Research Laboratory of 
Electronics. At Bell Laboratories, he joined the Acoustics Research 
Department where he has been involved in research in decimation and 
interpolation, sub-band and transform coding of speech, and the mea­
surement of digital speech quality. In 1976, he received the IEEE 
Acoustics, Speech, and Signal Processing (ASSP) Award for his paper 
on decimation and interpolation of digital signals. Mr. Crochiere is 
Secretary-Treasurer of ASSP's Advisory Committee and a member of 
its Technical Committee on Digital Signal Processing. He served for 
two years as technical editor on digital signal processing for ASSP 
Transactions. 

Gobind T. Daryanani, B.S.E.E., 1963, Calcutta University; 
M.S.E.E., 1965, Virginia Polytechnic Institute; Ph.D.E.E., 1968, Mich­
igan State University; Bell Laboratories, 1969-. Mr. Daryanani has 
worked on active filters, digital signal processors, and lightwave com­
munications systems. He is currently supervisor of the Lightwave 
Circuits Group and is responsible for the development of regenerators 
and optical test sets. 

Ismail I. Eldumiati, B.S.E.E., 1962, Alexandria University, Egypt; 
M.S.E.E., 1966; M.S., 1968, Ph.D. (Physics), 1970, University of Mich­
igan; Bell Laboratories, 1972-. Initially, Mr. Eldumiati worked on the 
fault-locating system of the T4M high-speed digital transmission sys­
tem. From 1974 to 1976, he worked on high-speed bipolar integrated 
circuits. Between 1977 and 1978, he was an architect and circuit 
designer for the BELLMAC-4TM microcomputer. In July, 1978, he 
joined the Digital Signal Processing Group, where he worked on the 
design of the digital signal processor family. He is currently supervisor 
of the Digital MOS Circuits Group. 

Robert L. Farah, B.S.E.E., M.S.E.E., 1977, Polytechnic Institute 
of New York; Bell Laboratories, 1977-. Mr. Farah initially worked on 
the design of digital filters for use as equalizers and echo cancelers for 
metallic special service circuits. Subsequently, he developed laboratory 
test systems for the study of digital and sampled data filters. Presently, 
he is engaged in low-bit-rate voice studies. Member, Tau Beta Pi, Eta 
Kappa Nu. 
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David L. Favin, S.M.E.E., 1952, Massachusetts Institute of Tech­
nology; B.S.E.E., 1950, University of Pennsylvania; Bell Telephone 
Laboratories 1952-. Mr. Favin has designed transmission measuring 
equipment including microwave sweepers; envelope-delay distortion 
measuring sets; impulse noise measuring sets; and microprocessor 
controlled, FFT-based measuring systems. He holds 22 patents. Mem­
ber, Eta Kappa Nu, Sigma Psi, Tau Beta Pi. 

James L. Flanagan, B.S. (Electrical Engineering), 1948, Missis­
sippi State University; M.S., 1950, Sc.D., 1955, Massachusetts Institute 
of Technology; Bell Laboratories, 1957-. Mr. Flanagan is Head, 
Acoustics Research Department. He has project responsibilities for 
digital voice encoding, speech recognition and synthesis, electroacous­
tic systems, and transducers. Member, National' Academy of Engi­
neering. 

Ronald L. Freyman, A.E.T. (Associate Electrical Technology), 
1962, Pennsylvania State University; Astro-Electronics Division of 
RCA Corporation, 1962-1968; Bell Laboratories, 1968-. Mr. Freyman 
worked in metal-oxide semiconductor design and customer service 
organizations before he was assigned to the digital signal processor 
project. 

Renato N. Gadenz, Ingeniero Civil Electricista, 1960, Universidad 
de Chile; M.S.E.E., 1962, University of Pittsburgh; Ph.D. (Electrical 
Engineering), 1972, University of California at Los Angeles. Mr. 
Gadenz has done research and teaching on network theory, automatic 
control as applied to electric machines, and computer-aided design. 
After joining Bell Laboratories in 1973, he was engaged in sensitivity 
analysis and design of active filters, and the development of software 
for testing microprocessor systems. More recently, he became inter­
ested in digital signal processing and was a member of the team that 
conceived, designed, and tested the digital signal processor. Mr. Gadenz 
is presently a member of technical staff in the Signal Processing and 
Integrated Circuit Design Department. Member, IEEE, IEEE CAS 
Society. 

Jack A. Grant, Certificate (Electronics Industrial Technology), 
1968, Ward Technical Institute; A.A.S. (Electronics Engineering Tech­
nology), 1974, County College of Morris, B.S. (Electronics Engineering 
Technology), 1977, Trenton State College; Bell Laboratories, 1968-. 
Mr. Grant initially worked in the military systems area until 1969. He 
then served four years in the U.S.A.F., Minuteman I.C.B.M. electronic 
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maintenance. Returning to Bell Laboratories in 1972, he became 
involved in digital integrated circuits including evaluation, design, 
testing, test system design, and logic and timing simulation. Member, 
IEEE. 

Nuggehally S. Jayant, B.Sc. (Physics and Mathematics), 1962, 
Mysore University; B.E., 1965, and Ph.D. (Electrical Communication 
Engineering), 1970, Indian Institute of Science, Bangalore; Research 
Associate at Stanford University, 1967-1968; Bell Laboratories, 1968-. 
Mr. Jayant was a visiting scientist at the Indian Institute of Science in 
1972 and 1975. He has worked in the field of digital coding and 
transmission of waveforms, with special reference to robust speech 
communications. He is also editor of the IEEE Reprint Book, Wave­
form Quantization and Coding. 

James D. Johnston, B.S. (Electrical Engineering), 1975, and M.S. 
(Electrical Engineering), 1976, Carnegie-Mellon University; Bell Lab­
oratories, 1976-. Mr. Johnston is a member of the Acoustics Research 
Department. His research interests include wide and narrow band­
width waveform coding techniques, fast small-scale digital processors, 
analog-to-digital and digital-to-analog techniques,. the behavior of 
adaptation mechanisms in adaptive pulse-code modulation and adap­
tive differential pulse-code modulation, and analog circuit design. He 
has published in IEEE Trans. Commun., in the J. of Audio Eng. Soc., 
in conference records of the Int. Conf. on Commun., and Int. Conf. on 
Acoustics, Speech, and Signal Processing, and in lEE Electron. Lett. 
Member, Audio Eng. Soc. 

Jack Kane, B.S. (Engineering), 1968, University of California, Los 
Angeles; M.S. (Electrical Engineering), 1969, Stanford University; Bell 
Laboratories, 1968-. From 1969 to 1971 Mr. Kane worked with the 
U.S. Public Health Service, National Institute of Health, Bethesda, 
MD. In 1971 he returned to Bell Laboratories, where he was involved 
in bipolar medium-scale integration and large-scale integration design 
until 1976. From 1976 to 1978, Mr. Kane was involved in catalog metal­
oxide semiconductor (Mas) memory design. Since 1978, he has been 
involved in custom MaS LSI design. Presently, Mr. Kane is supervisor 
of an LSI design group. Member, Tau Beta Pi, IEEE. 

Robert N. Kershaw, A.T. (Electronic Technology), 1963, Temple 
University; B.S. (Electrical Engineering), 1969, Lafayette College; M.S. 
(Electrical Engineering), 1972, Lehigh University; Bell Laboratories, 
1963-. In his early work, Mr. Kershaw was involved with developing 
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magnetic materials and magnetic memory devices. From 1969-1970, 
Mr. Kershaw was with Leeds and Northrup where he designed instru­
mentation systems. He returned to Bell Laboratories in 1970 and 
designed digital bipolar custom integrated circuits, as well as digital 
MOS integrated circuits for the digital signal processor. He is currently 
a supervisor in the Silicon Integrated Circuit Design Department. 
Member, Eta Kappa Nu, Tau Beta Pi, Phi Beta Kappa. 

Joseph Kohut, A.A.Sc, 1962, Capitol Institute of Technology; Fair­
leigh-Dickinson University 1965-1967; Bell Laboratories, 1952-. At 
Bell Laboratories, Mr. Kohut has worked on underwater systems and 
in television systems. He is presently working in acoustics research in 
the design of hardware for synthesizing speech and music. 

Carol A. McGonegal, B.A. (Mathematics), 1974, Fairleigh Dick­
inson University; M.S. (Computer Science), 1977, Stevens Institute of 
Technology; Bell Laboratories, 1967-. Ms. McGonegal is a member 
of the Acoustics Research Department where she has worked on 
problems in digital filter design, digital speech processing, computer 
voice response, and speaker verification. 

Joseph P. Olive, B.S. and M.S. (Physics), 1964, University of 
Chicago; Ph.D. (Physics), 1969, University of Chicago; M.A. (Music 
Composition), 1969, University of Chicago; Bell Laboratories, 1969-. 
J. P. Olive's work at Bell Laboratories has centered on various prob­
lems of speech synthesis. 

Nadia Sachs, B.S. (Electrical Engineering), 1978, Polytechnic In­
stitute of New York; M.S.E. (Electrical Engineering), 1979, Princeton 
University; Bell Laboratories, 1978-. Mrs. Sachs has worked on 
various applications of digital signal processing. 

Charles L. Semmelman, B.E.E., B.Sc. (Physics), 1939, Ohio State 
University; Bell Telephone Laboratories, 1940-1942 and 1946-. Signal 
Corps Engineering Laboratories, 1942-1946. Mr. Semmelman has been 
engaged in the design of filters and equalizers, and supervised a group 
which developed computer programs for the analysis, synthesis, and 
optimization of transmission networks and systems. He is currently 
engaged in high-level simulation and compiler development. Associate, 
Sigma Xi; Member, Tau Beta Pi, Eta Kappa Nu, Pi Mu Epsilon, Sigma 
Pi Sigma. 
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John S. Thompson, B.S.E.E., 1962, B.S.E.P. 1963, Lehigh Univer­
sity; M.S.E.E., 1965, Ph.D., 1967, University of Rochester; Bell Labo­
ratories, 1967-. Mr. Thompson has been involved in research on 
algorithms and architectures for digital signal processing and on prob­
lems in digital switching and signal encoding. He is currently engaged 
in studies of digital techniques in small business communication sys­
tems. Member, Eta Kappa Nu, Tau Beta Pi, Phi Beta Kappa, Sigma 
Xi, IEEE. 

James Tow, B.S., 1960, M.S. (Electrical Engineering), 1962, and 
Ph.D. (Electrical Engineering) 1966, University of California, Berkeley; 
Bell Laboratories, 1966-. Mr. Tow has been concerned with computer­
aided network analysis and design and with the implementation of 
practical active filters for telecommunication systems. He is currently 
engaged in the application of digital signal processing techniques to 
signaling systems. Member, IEEE, Eta Kappa Nu, Phi Beta Kappa. 

John W. Upton, B.S. (Electrical Engineering), 1971, Carnegie­
Mellon University; Western Electric, 1971-1972; Bell Laboratories, 
1972-. At Western Electric, Mr. Upton worked on the development 
of the processor unit of the CLC-I computer used by the Safeguard 
System. Since joining the Acoustics Research Department at Bell 
Laboratories he has designed computer interfaces and support equip­
ment. His present work involves the design of microprocessor-based 
hardware for digital signal processing. Member, IEEE. 

Stephen M. Walters, B.E.E., 1974, Auburn University; M.S., 1976, 
Ph.D. (Electrical Engineering), 1977, Virginia Polytechnic Institute 
and State University; Bell Laboratories, 1977-. At Bell Laboratories, 
Mr. Walters has been engaged in design and development of the digital 
signal processor (nsp) and its supporting development system, 
nSPMATE. He is presently supervisor of the Peripheral Control Group, 
concerned with digital terminals for the No.4 ESS. Member, IEEE, 
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David P. Yorkgitis, B.S. (Mathematics), 1977, Carnegie-Mellon 
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